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Most laryngeal pathologies can be successfully assessed by means of 
videostroboscopy which is, currently, the main clinical diagnostic method. In a 
number of cases, though, this technique may not be sufficient for an adequate 
laryngeal evaluation. The studies reported in this dissertation aimed at identifying 
examples of such cases and finding acoustic and/or EGG features that could be useful 
adjuncts to their diagnosis. 
This research investigated the use of acoustic and electroglottographic (EGG) 
analysis in support of the diagnosis of pathologies affecting the larynx and voice 
production. Several algorithms have been implemented and tested on a large 
multimedia database recorded in a voice clinic over a period of 16 months. 
Experiments were conducted (1) to verify the reliability of perturbation 
measures from sustained vowels and (2) to obtain normative perturbation values in a 
dysphonic population. The studied measures included jitter, shimmer, signal-to-noise 
ratio, EGG closed-quotient, and EGG speed index. Although such parameters have 
been widely studied in the field of voice production, their reliability has been 
investigated mostly on non-dysphonic speakers, synthetic signals, or artificially 
produced perturbations. Synthetic stimuli may permit well-controlled systematic 
studies, but still fail in adequately reproducing the vocal perturbations found in 
dysphomc speakers. Therefore, many reported normative values and computational 
algorithms need to be validated on real disordered voices before being recommended 
for clinical use. 
Some computational algorithms are being proposed in this thesis, including a 
robust and reliable method for measurement of acoustic jitter, a procedure for 
estimating the signal-to-noise ratio on a cycle-to-cycle basis, and a highly accurate 
EGG fundamental frequency tracker. Practical protocols for data acquisition in a 
clinical environment are also being proposed. 
The most important contribution of this research was the development of a 
method for detecting certain asymmetries in the posterior part of the larynx. These 
problems were commonly found in the "no-abnormality-detected" and "functional" 
diagnostic groups. The detection method exploits a differential increase in EGG jitter 
values that was induced, possibly, by instabilities in the positioning of the arytenoid 
cartilages during phonation. These asymmetries, which can be caused by unilateral 
paralysis of the superior laryngeal nerve, among other causes, seemed particularly 
harmful to singers and other professional voice users. The proper management of 
these abnormalities is beyond the scope of this research, but this finding may 
contribute to a better understanding of these not well recognised disorders, avoiding 
also unnecessary or inappropriate therapeutic programs. 
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Together with lexical information, the sounds of spoken language may carry clues to 
many of the speaker's characteristics, including his/her sex, age, social group, 
emotional state and state of health. These clues, present in the patterns of breathing, 
intonation, loudness, rhythm, or articulation, for example, relate to how (instead of 
which) words are being said. A multitude of disorders, like stuttering and lisping, with 
a varied aetiology (e.g., brain disease or faulty speech organs), can affect oral 
communication. An account of the so-called "speech and language" disabilities is 
beyond the scope of this dissertation and can be found elsewhere (e.g., Luchsinger & 
Arnold, 1965). 
This thesis concentrates on abnormalities that affect phonation, that is, the 
vibratory movement of the vocal folds. Being a multidisciplinary research topic, 
written from an engineering point of view, it is important to set up some initial 
definitions: 
Firstly, and bearing in mind the Source-Filter Model of Speech Production 
(Fant, 1970), the interest will be focused on source-related aspects of 
speech. In this sense, and adopting a differentiation which exists in the 
jargon of communication disorders, the term "voice" will be used to refer 
to phonation. On the other hand, "speech" will refer to the more complex 
1 
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acoustic signal that is shaped by the dynamic filtering effects of the vocal 
tract's cavities and articulatory gestures. According to these defmitions, 
whisper may be regarded as speech without voice. 
• Secondly, "perturbations" are understood to be changes in vocal attributes, 
such as pitch, loudness, and quality, making a speaker's voice differ from 
the speaker's normal voice or from the voices of others of the same sex, 
similar age, dialect, and cultural group (Robinson, 1993). 
• Finally, "voice disorders" or dysphonias, broadly speaking, refer to changes 
in the mechanisms of normal voice production, resulting in vocal 
perturbations. These changes can be caused by such abnormalities as 
lesions in the laryngeal tissues, neural impairments, or inadequate tension 
affecting the vocal folds. 
It is certainly difficult to find someone who has never experienced a voice 
problem. Most people have at sometime faced a mild hoarseness during a respiratory 
infection or a complete voice loss when chatting with friends in a noisy environment. 
Occasional problems of this type may disappear with the alleviation of the underlying 
infection or after some voice rest, respectively. There are, however, situations where 
a type of breathy and weak voice remains even after an illness such as influenza has 
been cured. Also, some people seem inclined to repeatedly lose their voices or have 
other related voice complaints. 
Voice disorders can arise from a variety of organic factors, such as a cyst 
affecting the vocal folds, but vocal abuse and misuse are among the main sources of 
voice problems. These forms of mechanical damage to the vocal folds, along with faulty 
phonatory habits, are frequent in singers, whose special vocal needs may not be easily 
understood by non-musical persons (Bunch, 1995). Also, stress and anxiety, which 
may lead to abnormal tension in the muscles involved in phonation and respiration, 
are common, important, and often neglected psychological factors (Butcher, Elias & 
Raven, 1993). The complex scenario involving voice disorders is leading to an 
increasing number of "voice clinics," where professionals from different areas adopt a 
joint approach for the assessment and management of voice abnormalities. 
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1.2 THE MULTIDISCIPLINARY VOICE CLINIC 
A voice clinic (Harris, Collins & Clark, 1991) is run under the responsibility of an 
Ear, Nose, and Throat (ENT) specialist with the collaboration of a Speech, Voice, 
and Language therapist. Occasional help from other specialties, including psychology, 
neurology, and respiratory physiology, may be required. Considering the complex 
biomechanic nature of phonation, voice clinics may also benefit from the support of 
voice scientists. These professionals have an eclectic background (including 
engineering, phonetics, and singing) and are increasingly involved in voice production 
research for clinical applications. 
A voice clinic deals mostly with out-patients referred by general practitioners 
(GPs), general ENT clinics, or singing and drama teachers. These patients often 
complain of hoarseness, breathiness, or weakness in their voices, as well as occasional 
periods of voice loss, excessive coughing, and other throat and neck discomforts. 
Singers may describe changes in voice quality, limitations in the singing range, or 
even difficulties in producing a specific note. 
As with most medical investigations, the aims of a voice clinic include: 
• Determining the type, cause, and degree of the disorder; 
• Selecting an appropriate therapy program (e.g., surgical intervention, 
medical treatment, or voice therapy); 
• Evaluating the results of a therapy program; 
• Providing the patient with a comprehensible explanation of the disorder. 
Videoendoscopic analysis (Hirano & Bless, 1993) is, currently, the main 
technique for the assessment of voice disorders. In videoendoscopy, a small camera is 
coupled to an oral telescope (or a nasal fibrescope), providing images of the vocal 
folds and other laryngeal structures. Most vocal fold lesions can be promptly 
identified in these images. Combined with stroboscopic techniques 
(video strobo scopy), a pseudo slow motion sequence provides further information 
concerning the fine vibratory movement of the vocal folds. Video stroboscopy is 
particularly important to enable the early detection of malignant lesions that, although 
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small in their initial stages, can cause marked impairment in the vocal fold vibrations. 
Videoendoscopic techniques, nevertheless, are not free of problems and the 
proper assessment of a disorder can be hindered by inadequate images (Casper, 
Brewer & Colton, 1988). The interpretation of video stroboscopic recordings is also 
subjective, requiring considerable practice to integrate knowledge of laryngeal 
anatomy, physiology, pathology, voice production (Hirano & Bless, 1993, p.  86). The 
subjective assessment of video stroboscopic images can be supplemented with 
measures obtained from auxiliary signals, particularly when no organic abnormality 
(e.g., a cyst or a nodule) is found. 
1.3 CLINICAL VALUE OF OBJECTIVE MEASUREMENTS 
Several 	non-invasive 	methods, 	mainly 	aerodynamic, 	acoustic, 	and 
electroglottographic (EGG) techniques, have been applied to the clinical assessment 
of voice disorders, as summarised by Hirano (1981a) and Baken (1987). Although 
relegated to a modest clinical role, as far as the differential diagnosis is concerned, 
these techniques have the potential of providing objective (i.e., numeric or 
computerised) measurements associated with voice production and perception. 
There are many reasons for defining and quantifying vocal attributes: 
• Objective measurements can offer quantitative support to subjective 
videostroboscopic findings; 
• The effects of a surgical intervention or of a course of speech therapy on 
a patient's voice can be systematically assessed by comparing pre- and 
post-treatment objective measurements; 
• Pictorial representations of objective measurements can be useful adjuncts 
during voice therapy; 
• Objective measurements falling outside the expected normal ranges can 
provide warning signs, alerting the clinicians about possible undetected 
disorders. 
Notice, however, that the state-of-the-art of measurements from non-invasive 
signals is neither robust nor selective enough for the reliable diagnosis of any specific 
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pathology. Moreover, it should be stressed that the use of automatic measurements 
implies carefully obtained signals, requiring also certain knowledge of the limitations 
of the computational algorithms. 
Some experimental results on respiratory tests will be reported in this 
dissertation, but the study of non-invasive methods was aimed at EGG and acoustic 
techniques. In electroglottography (Baken, 1987), external contact electrodes 
positioned at the "Adam's apple" provide a signal that is sensitive to changes in the 
across-neck impedance during phonation. The technique can be affected by artifacts 
(Colton & Conture, 1990) but properly recorded signals convey relatively easy-to-
quantify information concerning the vocal folds' dynamic behaviour within individual 
glottal cycles. 
Microphone signals are simple to acquire, bearing features related both to the 
production and to the perception of voice. Acoustic signals are more difficult to 
analyse than EGG signals because microphone signals are influenced by the 
resonances of the vocal tract, being also vulnerable to acoustical and electrical noise 
picked-up during the recording procedures. In the presence of voice disorders, the 
turbulent noise induced by glottal chinks and highly irregular vibrations may pose 
extra difficulties to the accurate extraction of source-related information (Layer, 
Hiller & Beck, 1992). 
A combined analysis of acoustic and simultaneously recorded EGG signals is 
attractive for the investigation of possible links between acoustic and physiological 
events. These signals have been widely used in voice production research, but the vast 
majority of the reported studies has been confined to normal speakers, artificially 
produced perturbations, or a small number of dysphonic voices. 
1.4 FUNDAMENTAL PROBLEMS 
In the last 10 years many sources of artifactual perturbations affecting acoustic signals 
have been systematically investigated. These artifacts include microphone effects 
(Titze & Winholtz, 1993), distortion in tape recorders (Doherty & Shipp, 1988), and 
insufficient sampling rate (Titze, Horii & Scherer, 1987). It is now widely agreed that 
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disordered voices should be acquired in a quiet room with a condenser microphone 
laterally positioned a few centimetres from the mouth. Moreover, the signals should 
be digitised by a DAT (Digital Audio Tape) recorder - or directly recorded into 
computers - at a minimum rate of 20,000 samples per second, 16 bits per sample. 
Additionally, the signal conditioning electronics (e.g., pre-amplifiers, anti-aliasing 
filters, and computer sound cards) should have signal-to-noise ratios in the 85-95 dB 
range (Doherty & Shipp, 1988; Titze, 1995). Although there is a certain consensus 
regarding the apparatus for voice acquisition, developments in a number of 
fundamental methodological issues are still required. 
1.4.1 Fundamental frequency estimation 
The automatic estimation of the fundamental frequency of phonation (F 0) is a basic 
problem with an apparent simplicity that has, ironically, been a challenge for hundreds 
of alternative algorithms (Hess, 1983; Rabiner et al., 1976). Analysis of glottal cycles' 
amplitude and duration time series has been the main approach for studying the 
stability of the vocal folds' vibrations. Spectral- or cepstral-based F 0 estimation 
algorithms may fulfil the needs of such areas as linguistics and low-rate speech 
coding, where F0 values can be calculated from short-time averages. However, only a 
few of the known algorithms are suitable to the analysis of voice disorders. In this 
application, a time-domain approach is required for the accurate identification of 
individual glottal cycles, allowing a better speculation about possible structural and 
functional abnormalities affecting the vocal folds. 
1.4.2 Phonatory tasks for automatic analysis 
The literature on communication disorders describes many voice production 
assessment tasks, including sustained vowels, phonatory glides, passages for reading, 
and simple tunes (Robinson, 1993; Titze, 1994). These exercises are intended to 
reveal control of pitch, loudness, some aspects of voice quality, as well as the 
interaction among respiratory, phonatory, and articulatory components of voice 
production (Titze, 1995). Although convenient for voice assessment by trained 
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listeners, little has been investigated on which (and how) clinically relevant phonatory 
features could be automatically extracted from most of these tasks. Related studies 
tend to concentrate on sustained vowels but, even so, basic issues such as possible 
vowel dependence of perturbation analysis algorithms need to be systematically 
examined with real dysphonic voices. 
1.4.3 Representative databases 
The lack of standardisation regarding the battery of test utterances is an important 
limitation for the organisation of extensive databases. Moreover, more than speech 
and voice utterances are necessary for the study of voice disorders. For example, 
details on the patient's medical history, diagnosis, and pertinent clinical examinations 
(e.g., videostroboscopy, respiratory tests, and electromyography') may be required. A 
representative database should span a wide range of subjects, including pathologies of 
various types and degrees, including also normal control speakers. 
A voice clinic is a unique place to collect information on dysphonias but the 
limited time schedule of patients and clinicians is a major drawback. This restriction, 
not normally found in a pure research laboratory, imposes special needs on data 
acquisition procedures, which must be simple, easily understood by the patients, and 
related to practical clinical objectives. There has been a lack of accessible recordings 
of disordered voices (Layer, Hiller & Beck, 1992; Titze, 1994) and only recently a 
database has been launched commercially (Kay, 4337). This database contains 
approximately 400 dysphonic and 300 normal speakers being limited, though, to 
medical history details and acoustic recordings .2 
1.4.4 Test signals 
The systematic assessment of perturbation extraction algorithms is usually carried out 
using synthetic voice stimuli. Bielamowicz et al. (1996, p.  127) observed that: 
A technique where needle or contact electrodes are used to detect electrical currents generated 
during muscular activity. 
2  Sustained Ia/ vowels and first 12 seconds of the "Rainbow Passage" (Fairbanks, 1960; p. 127). 
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"Because synthesis of pathological voices inevitably involves inaccurate 
modeling, testing computational algorithms for perturbation using 
synthetic signals may falsely lead to conclusions of accuracy and validity, 
especially for more severely deviant samples. This is unfortunate, because 
the use of synthetic signals would allow formal evaluation of the accuracy 
and validity of perturbation measures." 
While natural sounding "healthy" voices have been successfully synthesised (Klatt, 
1987), the artificial production of realistic disordered voice requires significant 
improvements. Developments are needed in the synthesis of many vocal features, 
including creaky voice, breathiness, and source-tract interactions (Klatt & Klatt, 
1990; Fant, 1993). It is likely that the analysis and synthesis of pathological voices 
will benefit from (and contribute to) the increasing interest on emotions in speech 
(Scherer, 1986; Murray & Arnott, 1993). 
1.4.5 Miscellaneous issues 
Agreement on specific aspects such as computer file structures or exact sampling 
frequency values, needed for the easy sharing of information, is likely to be dictated 
by the major developers of commercial hardware and software. Other relevant 
standardisation topics, concerned particularly with the terminology of vocal quality, 
will be discussed in subsequent chapters. 
1.5 AIMS OF THE RESEARCH 
The research described in this dissertation was carried out in close collaboration with 
the Voice Clinic of the Otolaryngology Unit of the Royal Infirmary of Edinburgh. A 
significant effort has been taken to conciliate clinical and research interests, as 
described in the main goals of the study: 
Organisation of a major multimedia database of voice disorders; 
Development and/or improvement of algorithms for the automatic 
extraction of perturbation measures from acoustic and EGG signals; 
Investigation of possible relationships between acoustic measures and 
subjective assessments of voice quality; 
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• Investigation of possible relationships between acoustic or EGG measures 
and medical findings. 
1.6 STRUCTURE OF THE DISSERTATION 
Together with this introductory chapter, the dissertation has six other chapters and 
three appendices. Chapter 2 presents some basic aspects of the anatomy and 
physiology of the larynx, focusing obviously on its phonatory function. A description 
of commonly found voice disorders and the usual techniques for their clinical 
assessment is also given in this chapter. 
Chapter 3 deals with electroglottographic analysis. The technique's basic 
principles, advantages, and limitations are introduced in the initial sections of this 
chapter. The implementation and evaluation of an EGG signal conditioning method is 
then detailed, as well as an accurate automatic F 0 estimation algorithm, which is used 
as the core for extracting many EGG parameters. Relevant waveform features not 
captured by the objective measurements are also discussed. 
Chapter 4 provides a review on the acoustics of voice production. The 
source-filter model is used as a framework to explain a number of concepts of clinical 
interest, including subglottal formants, glottal resistance, and the singer's formant. 
The chapter also discusses glottal flow estimation by inverse filtering and some topics 
on Linear Predictive Analysis of voice signals. The final section of this chapter is 
devoted to critical issues on the acquisition of voice signals in a voice clinic. 
Chapter 5 focuses on accurate automatic fundamental frequency estimation in 
dysphonic voices. The performance of two versions of Schafer-Vincent's (1983) F 0 
detection algorithm and the "Super Resolution" technique (Medan, Yair & Chazan, 
1991) are compared with EGG-derived F 0 contours. Fundamental frequency stability 
is briefly discussed in the chapter, which also addresses amplitude perturbations 
(shimmer and tremor). A number of aspects concerning the time-domain estimation of 
the signal-to-noise ratio (SNR) in acoustic signals are discussed in detail. In 
particular, a new cycle-to-cycle comb-filtering method for the estimation of the 
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signal-to-noise ratio is proposed and evaluated. This chapter also describes an 
experiment on the perceptual assessment of dysphonic voices. 
Chapter 6 describes, initially, a comparative study that led to a robust and 
reliable jitter extraction method for Ia! vowels. A subsequent comparison of acoustic 
and EGG jitter values is then shown to have certain diagnostic value. This comparison 
indicated that minor asymmetries in the posterior part of the larynx can lead to a 
differential increase in EGG jitter values, not followed by the acoustic counterpart. A 
careful observation of the videoendoscopic examinations showed that many patients 
with "no abnormality detected" presented some asymmetry in the posterior part of the 
larynx. Possible causes of these asymmetries and new findings concerning their effects 
on vocal fold behaviour are then discussed. 
Chapter 7, the final chapter, summarises the main contributions of the 
research, including a method for extracting acoustic jitter, an algorithm for F 0 
estimation from EGG signals, and the findings concerning minor laryngeal 
asymmetries. The chapter also presents some suggestions for possible further work. 
The protocols for obtaining the patients' medical history and voice signals 
(acoustic and EGG) are presented in appendices Al and A2, respectively. Appendix 
A3 gives details on the storage and management of the recordings (acoustic signals, 
EGG recordings, and videos) from 245 patients. Appendix B 1 and B2 provide 
coefficients of two filters that may be useful elsewhere, and Appendix C is a list of the 
papers published in connection with this research. Finally, the bibliographical 
references are listed in the "References" section. 
Chapter 2 
On the Anatomy, Physiology, 
and Pathology of the Larynx 
2.1 INTRODUCTION 
The larynx is a most remarkable organ of the human body, being actively involved in 
several bodily functions, like respiration, swallowing, and phonation. The laryngeal 
complex is situated between the pharynx (throat) and the windpipe (trachea), and can 
be identified, particularly in adult males, by the so-called "Adam's apple." 
Adaptability in form and precise control of movement are main features of the larynx. 
It is capable of conciliating functions (e.g., expiration and phonation) and promptly 
switching from one function to another (e.g., from a wide inspiratory opening to a 
strong lung protective closure). Remembering that the oral cavity is common to the 
digestive and respiratory systems, it should be stressed, though, that the vital 
biological laryngeal function is to act as a sphincter, instinctively protecting the lungs 
against the entrance of foreign bodies. 
This chapter focuses on the phonatory function of the larynx. Most of the 
sections aim at familiarising readers with non-medical background with the laryngeal 
anatomy and related terminology, providing the framework for subsequent 
discussions. The chapter presents the laryngeal cartilaginous structure and briefly 
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be given to the vocal folds, their layered structure and vibratory movements. The 
chapter concludes with a description of commonly found voice disorders and usual 
techniques for their clinical investigation. 
2.2 THE LARYNX 
2.2.1 Cartilaginous framework 
The larynx can be identified by the position of the thyroid cartilage. This "V-shaped" 
cartilage forms the prominence of the larynx (Adam's apple) and acts as a frontal and 
lateral protection to the inner laryngeal structures. The location of the thyroid and its 
connection to other cartilages, bones, and muscles in the neck, mouth, and shoulder, 



















Figure 2.1. Larynx. (a) Simplified lateral view showing the position of the larynx 
in the neck; adapted from Fink and Demarest (1978, p.  25). (b) Schematic view of 
the connections of the larynx to other parts of the mouth, neck, and shoulders; 
from Bunch (1995, p.  92). Figure continues. 









Figure 2.1. (continued). (c) Back view of the laryngeal cartilages during 
inspiration; adapted from Fink and Demarest (1978, p.  28). 
Figure 2.1a and Figure 2. lb show that the upper part of the thyroid cartilage is 
suspended from the hyoid bone, which is the only non-articulated bone in the body, 
coupling the larynx to the movements of the tongue and jaw. The thyroid, in its lower 
part, is supported by the cricoid cartilage, the uppermost of the tracheal cartilages. 
Unlike other tracheal rings, the cricoid is a complete ring, but its back (or posterior) 
part is about three times larger than the frontal (or anterior) part. The cricoid 
complements the thyroid in the protection to the inner laryngeal structures. 
Figure 2.1c shows the epiglottis and the paired arytenoid cartilages. The 
epiglottis is a thin leaf-shaped cartilage that covers the entrance of the trachea during 
the act of swallowing,' being possibly connected to olfaction also. 2 The arytenoids 
are similar to small triangular-based pyramids, being actively involved in the opening 
and closure of the airways, as will be seen in more detail later. 
Details on the behaviour of the epiglottis, which is attached to the thyroid antero-superior part and 
to the hyoid bone, are given by Fink and Demarest (1978, pp.  97-112). See also Figure 6.4, p.  253. 
2  The possible olfactory role of the epiglottis is mentioned by Kaplan (1971, p.  210), citing V. E. 
Negus (1949), The Comparative Anatomy and Physiology of the Larynx, Grune & Stratton, New 
York. 











Figure 2.2. Main cartilages of the larynx. Notice that the facet of the arytenoid 
follows the inclination of the edge of the cricoid downward and forward. This is 
an important detail in the movements of the cricoarytenoid joint, adapted from 
Fink and Demarest (1978, p.  9). 
Although there are other cartilages in the larynx, its basic skeletal framework 
is formed by the following cartilages (Figure 2.2): 
the cricoid, 
the thyroid, and 
the pair of arytenoids. 
These are hyaline cartilages, which combine lightness, strength, and elasticity, but 
start to ossify during puberty on the more stressed sites, specifically the cricothyroid 
and cricoarytenoid joints (Fink and Demarest, 1978, p.  9). The thyroid and the 
arytenoid can articulate along their respective facets on the cricoid (Figure 2.2). 
However, before going into details about the laryngeal mechanisms it is opportune to 
give a better description of the parts of the larynx seen in laryngoscopic images. 
2.2.2 Laryngoscopic view 
Laryngoscopy is the visual inspection of the larynx. The examination is carried out, in 
its simplest form, by using a laryngeal mirror and a light beam (Figure 2.3). The 
clinician holds the patient's tongue and places a warmed mirror (to avoid misting) at 
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Figure 2.3. Mirror examination; adapted 
from Becker, Naumann and Pfaltz (1989, p. 
394). 
the level of the uvula, the larynx being illuminated by a source of light attached to the 
clinician's head. 
More sophisticated laryngoscopic apparatuses include a rigid telescope or a 
flexible endoscope coupled to video recording equipment. The former is similar to the 
laryngeal mirror, while the latter technique introduces a fibreoptic (usually) through 
the nasal passages. A typical laryngoscopic view of a normal larynx during 
inspiration, obtained with a rigid oral telescope, is shown in Figure 2.4, where can be 
seen: 
The tip of the epiglottis. The folding of this cartilage over the larynx, 
preventing a good view of the vocal folds, is normally reduced by asking 
the subject to sustain an Ii:/ vowel in order to bring the epiglottis into a 
more upright position; 
Some tracheal rings; 
The vestibular, ventricular, or "false" vocal folds. Compared with the 
"true" vocal folds, 3  the vestibular folds are composed of a rather different 
type of tissue. Being heavier and bulkier, they do not vibrate in normal 
voice production because abnormal muscular tension and breath support 
would be required for their vibration (Kaplan, 1971, p.  217). However, the 
vestibular folds are important to phonation in the sense that, being also 
Fink and Demarest (1978, P.  3) stated that: "The term folds was introduced in 1745 by E. J. Bertin 
but hitherto failed to supplant its predecessor cords, even though internationally agreed on in 1895." 
Chapter 2 - Anatomy, Physiology, and Pathology 
	
IR 
Figure 2.4. Endoscopic view. A normal 
larynx during inspiration. See text for the 
description of the numbers indicated in the 
figure. Composed with an image from 
Becker, Naumann and Pfaltz  (1989, colour 
plate 221,). 
made up of mucous glands, they help lubricate the vocal folds 4 (Bunch, 
1995, p.  66); 
The anterior conunissure. This is the region in the thyroid cartilage where 
the vocal and ventricular folds converge. Lesions can occur everywhere in 
the vocal folds but Luchsinger and Arnold (1965, p.  282) observed that: 
"The closer an injury of the vocal cord is situated toward the 
anterior commissure, the greater will be the hoarseness. There is 
an inverse relationship between the danger of a chordal injury to 
life and its result on the voice. Lesions of the anterior commissure 
are least dangerous to life, but they cause the severest vocal 
disorders." 
The superior edges of the vocal folds. The edges stretch along the 
anterior-posterior direction, being normally prominently seen due to the 
light reflections on the wet mucosa. The length of the vocal fold is 
approximately 20 mm in adults (Hirano, Kurita, & Nakashima, 1981), 
divided into two rather different portions: 
The membranous part, that extends from the anterior commissure to 
the vocal process of the arytenoids (detail number 7 in Figure 2.4), 
accounting for approximately 75% of the glottal length in adult males 
Along with its digestive function, saliva exerts mechanical cleansing and immunological defence 
on the mucosa of the mouth and upper respiratory tract. The minor mucus producing glands 
(scattered throughout the laryngeal, nasal, and tracheal mucosa) produce only 5% to 8% of the entire 
volume of saliva, but they ensure satisfactory moistening of the mucosa in case of failure of the 
major salivary glands (Becker, Naumann & Waltz, 1989. pp.  530-531). 








Figure 2.5. Coronal view of the larynx. The larynx is seen in the posterior-
anterior direction. (1) aryepigiottic fold; (2) anterior commissure; (3) piriform 
sinus; (4) vestibular folds; (5) ventricle of Morgagni; (6) vocal folds; (7) thyroid 
cartilage; (8) cricoid cartilage; (9) thyroid gland. Adapted from Becker, 
Naumann, and Pfaltz (1989, p.  387). 
(Hirano, Kurita, & Nakashima, 1981). This is the vibrating part of the 
folds; and 
The cartilaginous part, along the vocal process; 
6. Finally, the apex of the arytenoid cartilage. The "apex" actually refers to a 
point on the mucous membrane that overlies a small cartilage  attached to 
the arytenoids. 6 The attached cartilages move as a unit and the true apex of 
the arytenoid is slightly below this point (Broad, 1968, pp.  12-13). 
A more detailed description of the vocal folds will be given in section 2.3. 1. 
However, to avoid misconceptions due to the two-dimensional laryngoscopic view, it 
The small (paired) corniculate cartilage which, unlike the main laryngeal framework, is composed 
of flexible elastic cartilage. They behave like a cushion protecting the arytenoids in their collision 
during glottal closure. 
' To the arytenoids are also attached the posterior part of the vestibular folds and the aryepiglottic 
folds (indicated by "springs" in Figure 2.1c). However, the connection point is on the apex of the 
arytenoids. 
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is convenient to show a schematic section of the larynx Figure 2.5 to emphasise the 
outline of the folds in a coronal plane. 7 
Figure 2.5 shows that the vestibular and vocal folds form a pair of 
constrictions in the path of the breath stream. This figure also defines three 
compartments of the larynx, namely the subglottis, the glottis, and the supraglottis. 
The glottis, situated within the transglottic area, is the free space between the vocal 
folds. 
Two other laryngeal spaces are represented in Figure 2.5: the piriform sinus 
and the ventricle of Morgagni. The (paired) ventricles of Morgagni are gutters 
separating the flat superior surface of the vocal folds from the vestibular folds. They 
are lined with mucus producing glands that lubricate the vocal folds. Additionally, 
these free spaces permit unimpeded movements of the vocal folds, avoiding or 
reducing the damping by the vestibular folds; the role of the ventricles as acoustic 
resonators appears to be controversial (Bunch, 1995, p.  69). 
Figure 2.5 also shows the thyroid gland. 8 Despite improvements in surgical 
techniques, the removal of this gland (with damage to laryngeal nerves) is probably 
the most common cause of vocal fold paralysis (Tucker, 1980; Hirose, Sawashima, & 
Yoshioka, 1981). The next two sections will help understand laryngeal problems of 
this type. 
2.2.3 Laryngeal muscles 
The larynx is endowed with several muscles that exert the power required for 
morphological adaptations. According to the connection points, the laryngeal muscles 
are traditionally classified into extrinsic or intrinsic muscles. 
The extrinsic muscles (Kaplan, 1971, pp.  222-226) are those muscles that 
connect the larynx to other parts of the body. They are responsible for the main 
A coronal plane divides the body into anterior and posterior parts. Similarly, a sagittal plane 
divides the body into left and right halves, and a transverse plane is a crosscut at any level that 
divides the body into superior (cranial) and inferior (caudal) parts. 
8 The thyroid gland produces hormones responsible for the regulation of metabolism, oxygen 
consumption, bodily growth, heat, and mental development. 
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changes in laryngeal shape and vertical position and can be subdivided into 
suprahyoid and infrahyoid muscles. The suprahyoid muscles are the elevators of the 
hyoid bone and of the laryngeal framework, while the infrahyoid muscles are the 
depressors. Some of the extrinsic muscles have been previously represented in Figure 
2.1b(p. 12). 
Some authors (e.g., Shin et al., 1986) defme the extrinsic muscles in a 
different way, including in this group other muscles that affect the larynx without 
being directly attached to it, like the pharyngeal constrictors. These muscles form 
circular layers involving the larynx, being more related to the act of swallowing; their 
contraction narrows the pharyngeal pathway, being unfavourable to singing and 
speaking (Bunch, 1995, p.  89). 
The intrinsic muscles are those muscles that have both their origins and 
insertions within the larynx. They are the main muscles in phonatory control, 
deserving special attention. The intrinsic muscles are responsible for the movements 
of the laryngeal joints, affecting the position, tension, and elasticity of the vocal folds. 
According to their influence on the vocal folds, they can be organised into the 
following functional groups (Becker, Naumann & Pfaltz, 1989, p.  389): 
1. The only abductor muscle (i.e., that opens the glottis): the posterior 
cricoarytenoid (PCA); 
2. The adductor muscles, which close the glottis, being three in all: 
The lateral cricoaiytenoid (LCA), 
The interarytenoid muscles (IA), which is a name usually given to 
the combination of the (unpaired) transverse interarytenoid with the 
oblique interarytenoid, and 
The lateral part of the thyroarytenoid (TA) muscle; 
3. The two tensors of the vocal folds: 
the vocalis muscle, which is the medial branch of the TA, and 
the cricothyroid muscle (CT). 
The effects of the isolated contraction of each intrinsic muscle on the vocal 
fold's position, shape, and tension are shown in Figure 2.6. The PCA is the only 
(In' 
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Figure 2.6. Intrinsic muscles. Isolated effect on the vocal fold's position, 
length, tension, and shape. Adapted from Saunders (1964), Hirano (1981, p.  8), 
and Fink and Demarest (1978, p. 81). 
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muscle that opens the glottis, being primarily active during inspiration (Kaplan, 1971, 
p. 227). The PCA is responsible for glottal opening during the production of 
unvoiced sounds, as revealed by electromyographic studies (Hirose & Gay, 1972; 
Hirose & Sawashima, 1981). Following the contraction of the PCA muscles "the 
arytenoids slide apart down the cricoid facets and at the same time rock backwards. 
This separates and lifts the vocal processes" (Sellars & Keen, 1978, p.  673). 
The interarytenoid muscles (IA) cause the approximation of the arytenoids by 
a limited linear gliding along the upper facet of the cricoid, resulting in the partial 
closure of the glottis. 
The LCA is antagonist to the PCA. Its contraction, combined with the 
contraction of the IA, approximates the vocal processes of the arytenoids which "slide 
up the slope of the cricoid facet towards each other and at the same time they rock 
inward. Simultaneously some twisting brings the vocal processes close together" 
(Sellars & Keen, 1978, p.  673). Experiments with excised larynges by Baken and 
Isshiki (1977) suggested that the "adductive trajectory of the vocal process intercepts 
the transverse plane at an angle that approximates 45°" (p.  210); moreover, there is a 
"surprising amount of depression of the vocal processes [...]. Because this movement 
is along the axis of observation during routine laryngologic examination it is not easily 
perceived . . ." (p. 214). 
The lateral (i.e., further from mid line) part of the TA muscle is responsible for 
most of the bulk of the vocal fold. The contraction of the medial (i.e., closer to mid 
line) part of the TA muscle (i.e., the vocalis), causes a certain inward rotation of the 
arytenoid, contributing to the glottal closure and to the vocal fold's tension. 
It might be opportune to summarise the movements of the cricoarvtenoid 
joint, whose structural arrangement permits three types of movement: 
1. a limited linear glide in the transverse plane. 
' There seems to exist some controversy on the role of the cricoarytenoid muscle in the inspirarorv 
opening of the glottis. Fink and Demarest (1978, p.  17) state that "[tlhe  available electromyographic 
evidence, however, does not demonstrate any increase in activity of this muscle with inspiration; on 
the contrary, its activity often diminishes at that time." To explain the glottal opening during 
inspiration, they suggest (p. 28) that the glottis is opened passively due to the laryngeal descent, 
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Figure 2.7. Main movements of the cricoarytenoid joint. (a) insertions of the 
LCA and PCA; adapted from Fink and Demarest (1978, p.  30). (b, c) axes for the 
rocking and gliding movements of the arytenoid (AD = adducted, AB = 
abducted); (d) arytenoid positioning in glottal adduction; (e) arytenoid 
positioning in glottal abduction. Figures b, d, e were adapted from Perkins and 
Kent (1986, p.  68) and Figure cfroni von Leden and Moore (1961, p.  547). 
A simultaneous rocking and gliding movement of the vocal process (i.e., 
rocking transversally outward and vertically up as the vocal processes 
glide further apart, or rocking transversally inward and vertically down as 
they glide towards each other). These are the main movements of the 
joint. 
A very limited rotation around a vertical axis (the "twisting", in Sellars 
and Keen's description, above) is also possible. 
The gliding and rocking components of the movements of this joint are represented 
schematically in Figure 2.7 (see also the facet for the arytenoid in Figure 2.2, p.  14). 
Returning to the role of other intrinsic muscles (Figure 2.6), the CT is 
responsible for the movements of the other laryngeal joint, the cricothyroid join!. The 
most common movement in this joint is the rotation of the thyroid in relation to the 
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cricoid (Fink & Demarest, 1978, pp. 82-83).' ° This rotation is often compared to the 
movements of a helmet's visor and is caused by one of the CT's branches, the pars 
recta. The isolated contraction of the other branch of the CT, the pars obliqua, results 
in the horizontal sliding of the thyroid along its facet on the cricoid. The movements 
of the CT joint elongate the ipsilateral vocal fold, increasing its longitudinal tension" 
and thinning its edge. 
The increase in the longitudinal tension of the vocal folds is essential for pitch 
control. The changes in the "visor angle" can be tactually perceived by gently 
touching the space between the cricoid and the thyroid, while performing up-down 
pitch glides. The stretching of the vocal folds due to the rotation of the CT joint 
appears to be used mainly by untrained speakers, while the gliding of the CT joint 
may be a technique developed by trained singers (Fink & Demarest 1978, p.  81). 
The main consequences of the contraction of the intrinsic muscles are 
summarised in Table 2. 1, adapted from Hirano (1981, p.  7). More details about the 
intricate movements of the laryngeal muscles can be found, for example, in Perkins 
and Kent (1986) or Hirano, Kiyokawa, and Kurita (1988). 
CT VOC TA LCA IA PCA 
Glottal Opening 	 - 	- 	- 	+ 
VF length 	 + 	- 
VF tension + + 
VF edge sharpness 	+ 	- 	 + 
VF bulk 	 + + 
VF vertical level 	 + 
Table 2.1. Effects of the contraction of the intrinsic muscles. CT = cricothyroid, 
VOC = vocalis, TA = thyroarytenoid (lateral part), LCA = lateral cricoarytenoid, 
IA = interarytenoid, PCA = posterior cricoarytenoid, "-" = decrease, 
increase, VF = vocal fold. 
10  Although some authors (e.g., Broad, 1973, P.  133-134) suggest that the cricoid would move 
towards the thyroid, the movement of the thyroid appears to be the mostly accepted mechanism. 
An increase in tension may also require antagonistic forces by the ipsilateral PCA muscles, 
especially in higher pitches (Hirano, 1981a). 
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2.2.4 Innervation 
Using an engineer's description, the larynx can be seen as a sophisticated adaptive 
feedback control system operated by the human brain. The larynx is equipped with 
delicate "sensors" and many "actuators" for accurate and fast adjustments. The 
degree of accuracy in the adjustments of parts of the human body depends on the 
number of muscle fibres supplied by each nerve fibre: the less, the better. Compared 
with fibres innervating other parts of the human body where fine adjustments are not 
necessary, laryngeal nerve fibres supply, on average, approximately 10 to 100 times 
less muscle fibres (Akazawa & Fujii, 1981; Maran, 1996). 
There are four types of nerve fibres monitoring the larynx and acting on its 
muscles: the sensory fibres, the autonomic fibres, the mechanoreceptors, and the 
motor nerves (Kaplan, 1971, p.  231-236). The sensory fibres supply the brain with 
information regarding the sensations of dryness, irritation, and pain in the mucous 
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Figure 2.8. Vagus Nerve. (a) Schematic representation of the laryngeal 
innervation; adapted from Kaplan (1971, p.  234). (b) Nerve's trajectory in the 
neck. "R" and "L" are the patient's right and left side, respectively; adapted 
from Gerrat, Hanson and Berke (1987, p.  521). 
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involved in the control of the secretion glands that keep the adequate humidity in the 
mucosal linings. Mechanoreceptor fibres are specialised in the detection of movement 
and mechanical stress in the larynx. They help in the supervision of such aspects as 
the position and tension of the vocal folds, the direction of the laryngeal joint 
movements, and the levels of supra- and infraglottic pressure. 
The motor fibres are those that actuate on the laryngeal muscles. The motor 
control of the intrinsic muscles is performed by the Xth cranial nerve, or Vagus nerve. 
The Vagus (Figure 2.8) is chiefly a motor nerve, though it has some sensory fibres. It 
has two main branches: the superior and the recurrent nerves. Notice in this figure 
that the recurrent laryngeal nerve (RLN) activates all intrinsic muscles but the 
cricothyroid, which is innervated by the superior laryngeal nerve (SLN). 
Lesions affecting the sensory or motor nerves may prevent the correct 
realisation of laryngeal functions. One or both vocal folds may become paralysed if 
the Vagus nerve is damaged by tumours, accidents, or surgeries involving the neck 
and chest. As seen in Figure 2.8, the recurrent laryngeal nerve is longer in the left side 
of the body (by approximately 10 cm, according to van den Berg, 1958) being thus 
more susceptible to injuries, as demonstrated by clinical statistics (e.g., Hirose, 
Sawashima & Yoshioka, 1981). 
There are many unanswered fundamental questions regarding laryngeal 
neuroanatomy, including: 
Possible cross-innervations from side to side or between the SLN and the 
RLN (Sanders, et al., 1993); 
The distribution of nerves within the muscles (Sanders, et al., 1993); and 
Mechanisms controlling the regeneration of injured nerves, which can be 
misdirected to inappropriate muscles (Crumley, 1989). 
Advances in these matters can lead to a better management of certain phonatory 
disorders. In particular, they may contribute to the medical treatment of laryngeal 
paralyses and the so-called "spasmodic dysphonias," where voice production is 
affected by involuntary contractions of some laryngeal muscles (Schaefer, 1983). 
Chapter 2 - Anatomy, Physiology, and Pathology 	 96-1 
2.2.5 Physiological functions 
The comparison of the laryngeal anatomy and physiology of various vertebrate 
animals (e.g., frogs, snakes, crocodilians, and monkeys) in different evolutionary 
stages shows "a steady progression from the simple slit on the floor to the lungfish's 
pharynx to the fine-tuned mechanism of the human vocal apparatus" (Kirchner, 1993, 
p. 1197). This is an interesting illustration that the protection of the lower respiratory 
tract is the main biological function of the larynx. 
In the human larynx, the manoeuvres of this protective sphincter start with the 
interruption of inspiration, followed by a tight closure due to the contraction of the 
vocal folds, vestibular folds, and aryepliglottic folds. The larynx is then raised towards 
the base of the tongue, as the thyroid cartilage follows the upward movement of the 
hyoid bone. The closure is further enhanced by the epiglottis, which is a 
complementary elastic lid that folds over the larynx into the oesophageal opening. 12 
Effort closure is a laryngeal gesture that occurs during the realisation of 
physical efforts such as weight lifting, or during several bodily functions like 
urination, defecation and parturition. The firm glottal closure prevents the escape of 
the air from the lungs, giving support to the limbs and abdominal muscles. The 
closure is accomplished by the adduction of the vocal and vestibular folds, being 
reinforced by the vertical approximation of the thyroid cartilage and the hyoid bone. 
If the protective action described above fails, allowing solids or liquids to 
reach the tracheal passages, or if there is an infection producing secretions into the 
lungs or airways, the coughing or expectorative function is evoked. It starts with a 
deep breath, followed by an effort closure to raise the subglottic pressure, culminating 
in a sudden glottal opening to expel the compressed air and the foreign material with 
it. The same process occurs when the tracheal membranes are irritated, causing the 
illusion of endogenous material in the airways (Strong & Vaughan, 1981). 
12  Becker, Naumann, and Pfaltz (1989, P.  392) affirm that surgical removal of the epiglottis reveals 
its limited role in protecting the lower respiratory tract. They point out that an intact sensory nerve 
supply to the mucosa of the larynx is more important because it controls reflex muscular contraction. 
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Instinctive respiration consists of two rather different phases: inspiration and 
expiration. During inspiration, the epiglottis is raised and the glottis is held 
completely open, allowing air to be taken into the lungs. In expiration, the elastic 
recoil of the muscles and ligaments, stretched during the inspiratory act, forces the air 
away from the lungs. During expiration, the arytenoids are kept in a relaxed rest 
position, resulting in a slightly open glottis that offers minimum opposition to the 
outgoing airflow. 
Phonation, or voice production, may be seen as a voluntary interference in the 
expiratory process. During this interference, the glottis is kept closed and the vocal 
folds are appropriately tense to allow the vibration of the vocal folds. 
In summary, the laryngeal functions are somehow related to the degree of 
glottal closure, which can be (Figure 2.9): 
Completely open during inspiration; 
Slightly open during expiration; 
Slightly closed in phonation; 
Tightly closed for vocal effort. 
This section provided an overview of some laryngeal gestures, showing how 
the vocal folds can be involved in some bodily activities. The subsequent discussions 
will focus on the vocal fold morphology and on the mechanisms of phonation. 
inspiration 	expiration 	phonation 	effort closure 
Figure 2.9. Laryngeal functions. Outline of the laryngeal shape during various 
types offolding. Adapted from Fink and Demarest (1978, p.  50). 
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2.3 PHONATION 
2.3.1 The layered structure of the vocal folds 
Phonation is certainly the most exquisite laryngeal function. A relatively recent and 
highly acclaimed contribution to the understanding of the phonatory mechanisms was 
the detailed characterisation of the vocal fold as a layered tissue structure (Hirano, 
1974). 13  Hirano's morphological findings led to better explanations for some visual 
observations of the movements, contributing notably to advances not only in surgical 
techniques (e.g., Bouchayer & Cornut, 1992) but also in mathematical modelling of 
phonation (e.g., Titze, 1973, 1976, 1988; Titze & Strong, 1975; Titze & Talkin, 
1979). 
Hirano's studies showed that the vocal folds have a stratified structure that 
can be organised into five layers (Figure 2.10), described below in his own words 
(Hirano, 1981, p. 5 ):' 
"(1) The epithelium, which ... can be regarded as a thin and stiff capsule 
whose purpose is to maintain the shape of the vocal fold; 
The superficial layer ... which ... can be regarded as somewhat like a 
mass of soft gelatine; 
The intermediate layer ... which ... can be likened to a bundle of soft 
rubber bands; 
The deep layer ... which consists of collagenous fibres and something 
like a bundle of cotton thread; and 
The vocalis muscle which constitutes the main body of the vocal fold 
and is like a bundle of rather stiff rubber bands." 
The superficial layer is more commonly known as the Reinke 's space, while the 
intermediate and deep layers constitute what is traditionally known as the vocal 
ligament (Hirano et al., 1982, p.  273). 
In a later work, Hirano and Bless (1993, p. 25) stated that "[aln important 
element of the layer structure is an additional layer outside the vocal folds - a layer of 
13  Later, Hirano and Kakita (1985, P.  1) acknowledged an earlier related work: The "membrane-
cushion theory," proposed by S. Smith, in 1956 (Membran-Polster-Theorje der Stimmlippen. Archiv 
für Ohren- Nasen- undKehlkopfheilkunde 169, p. 485) 
14 The emphases (i.e., italics) are not present in the original text. 
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Figure 2.10. Vocal fold layers. Adapted from Hirano 's drawings reprinted in 
Broad (1979, pp.  238-239). 
mucus" emphasising that "without this layer, in other words, if the vocal fold surface 
is completely dry, the vocal fold cannot vibrate (Hiroto, l966)." Hirano and co-
workers (1982) also showed that each layer has different mechanical properties and 
the layered structure is not uniform along the longitudinal direction. Moreover, the 
middle part is the most pliable region of the folds due not only to the location, 
favourable to movement, but also to the softer tissue composition. 
From a mechanical point of view (Hirano, 1974; Hirano et al., 1982), the 
structure of the vocal folds can be reduced to only two sections: 
The cover, composed of the epithelium and the Reinke's space, which is 
rather flexible and soft; and 
The body, including the vocal ligament and the vocalis muscle, being thus 
heavier and less mobile than the cover. 
The vibratory behaviour of this body-cover structure, as seen in high speed images of 
normal and excised larynges, will be described next. 
2.3.2 Visual observations of normal vocal fold vibration 
Vocal fold vibration causes the modulation of the expiratory airflow by a quasi- 
periodic opening and closure of the glottis. Normal voice production requires a fine 
IS  They refer to Hiroto, I. (1966), The Mechanism of Phonation: Its Pathophysiologic Aspects. Ow 
Rhino Laryngology Clinic, Kyoto, 59, pp. 229-291. 
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balance between the expiratory forces and the muscular forces which define the 
glottic closure. The phonatory glottic shape is determined mainly by three factors: the 
degree of approximation of the vocal folds (adduction), their longitudinal tension, and 
the compression in their membranous or vibrating part (Layer, 1981, P.  108). 
In terms of muscular adjustments, 
Adduction is provided mostly by the contraction of the interarytenoid muscles 
(IA) with the suppression of the PCA. Electromyographic recordings of these 
muscles during speech indicate a reciprocal pattern of activity during glottal 
closure and opening (Hirose and Gay, 1972); 
Medial compression on the membranous part of the vocal folds (their 
vibrating part) results mostly from the contraction of the LCA and vocalis; 
Longitudinal tension (i.e., parallel to the glottal edge) is, mainly, a 
consequence of the contraction of the CT. 
These pre-phonatory conditions constrict the larynx and obstruct the expiratory air 
What happens next will be described qualitatively with the aid of Figure 2.11. 
As suggested in the sketches 1-3 of Figure 2.11, the subglottic pressure 
gradually opens the glottis, starting to separate the vocal folds from their lower edges. 
The glottal widening continues with a slight rise of the upper "lips" of the folds, until 
they separate completely (sketches 4 and 5), allowing air to flow through the glottis 
into the vocal tract. Notice in sketches 5 and 6 that the lower edges of the folds are 
already in a closing movement while the upper edges continue to separate. 
The closure of the lower edges is likely to start due to the elastic recoil of the 
compressed tissues, followed by a drop in the intraglottal pressure ,' 6 as indicated in 
sketches 6-8 of Figure 2.11. The closing phase continues until the contact of the folds 
is maximum again. 
16  The drop in pressure is often attributed to the Bernoulli effect (van den Berg, Zantema & 
Doornenbal, 1957) which is basically the law of conservation of mechanical energy in fluids: a gain 
in velocity (kinetic energy) is accompanied by a drop in pressure (potential energy). However, it has 
been shown that vibrations depend more on other aerodynamic phenomena than on the Bernoulli 
effect, as will be discussed in a subsequent section. 
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Figure 2.11. Vibratory cycle. Some important states of one cycle are indicated, 
time intervals between states being not necessarily the same. Adapted from 
Schönhärl (1960) and Baken (1987, p.  222). 
Vibrations will occur in a quasi-periodic rate, provided that the transference of 
energy from the airstream to the vocal folds occurs in phase with the tissue velocity 
(Titze, 1988), overcoming inevitable losses. The rate of vibration is known as the 
fundamental frequency of phonation (F 0), as is well known. 
Figure 2.11 also shows that the external part of the vocal folds (the cover) 
undergoes a movement over the body, a stiffer layer. The tissue dislocation is in fact a 
travelling wave, known as the mucosal or superficial wave. This travelling wave is a 
deformation of the gelatine-like Reinke's space that starts at the lower edges of the 
folds, moves up, and continues along the free space of the ventricle of Morgagni. The 
speed of this wave varies from approximately 0.5 to 2.0 mIs, these velocities being 
positively correlated with the fundamental frequency (Titze, Jiang, & Hsiao, 1993). 
Mucosal waves may also have components due to the collision of the vocal folds and 
possible reflections in the lateral walls of the ventricle (Hirano et al., 1981). 
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The observation of mucosal waves in videostroboscopic images has important 
clinical implications. The lack of a wave may be the only endoscopic indication of 
epithelial damages such as adhesions of the mucosal lining to the ligament (Hirano & 
Bless, 1993, p.149). The mucosal wave can also be reduced due to the lack of proper 
moistening which keeps the cover pliable (Fukuda et al., 1988). Although there are 
pathologies that increase the mucosal wave, a marked wave is likely to be an 
indication of a healthy larynx vibrating efficiently in aerodynamic terms (i.e. efficiently 
transforming the input energy - subglottal pressure x airflow - into acoustic energy). 
Figure 2.11 also shows that there is a phase lag of the upper edge of the vocal 
folds in relation to the lower edge. This vertical phase difference leads to important 
intraglottal aerodynamic phenomena that help sustain the vibrations (Ishizaka & 
Matsudaira, 1972; Ishizaka & Flanagan, 1972; Broad, 1979; Titze, 1988). The 
vertical phase delay is supplied mostly by the finite propagation velocity of the 
mucosal wave and has been found to vary (along the medial surface of the folds) from 
about 60'/mm to 30°/mm; vertical phase delay and mucosal wave, thus, appear to be 
interrelated facets of the vibratory mechanism (Titze, Jiang & Hsiao, 1993). 
In summary, the vibratory pattern presented here has an opening phase that 
starts at the bottom of the glottis, presenting also (1) a vertical phase difference 
between the upper and lower edges of the folds; and (2) tissue displacement at the 
cover, known as mucosal wave. The next section will elaborate on the importance of 
the vertical phase difference, with the help of some mathematical development. 
2.3.3 Mathematical models 
The mathematical and computational (i.e., non-analytical) modelling of vibration 
requires a certain knowledge about the underlying physical phenomena allowing the 
manipulation of parameters to simulate vocal fold movements and associated signals. 
In a futuristic view, such models may have a role in the medical decision making 
permitting the evaluation of the effects of possible surgical interventions on a 
patient's voice. 
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Current models, though, are still being used to unveil the basic aerodynamic 
and mechanical interactions going on in the larynx. Also, despite elaborate 
mathematical developments, most of the conclusions can only be interpreted 
qualitatively, since detailed mathematical modelling is made difficult by many factors. 
These include the complicated three-dimensional geometry of the larynx, the non-
linear mechanical properties of the laryngeal tissues (Hirano et al., 1982), and 
practical difficulties for in vivo measurements of tissue properties. 
One of the most important contributions to the understanding of the 
aerodynamic phenomena that occur within the glottis was given by Ishizaka and 
Matsudaira (1972). Their theory of vocal fold vibration is based on the flow 
separation in the upper glottis and in the vertical phase asymmetry between the upper 
and lower edges of the folds. These principles were demonstrated with simple two-
mass models (Ishizaka & Matsudaira,, 1972; Ishizaka & Flanagan, 1972), being 
confirmed subsequently by Titze (1988) with a body-cover model. The basic ideas of 
this theory will be presented next, following the comprehensive analysis of Broad 
(1979); the reader is also referred to Stevens (1977) for further clarifications. 
2.3.3.1 Basic physical phenomena 
Referring to the simplified schematic cross-section of the related anatomy (Figure 
2.12), after the compressed air leaves the glottal opening at y = d, the jet separates 
and expands towards the pharyngeal walls. Circulating edges are formed near the 
glottal opening and the gradually expanding flow lines reattach to the walls at y = r. 
Assumptions. It will be assumed that (1) the effects of the gravity force on 
the air columns can be neglected, (2) the flow is unidimensional, stationary and 
incompressible, and (3) there is no energy loss in the glottal region. The last 
assumption allows the application of the Bernoulli energy conservation law for y :! ~ d. 
Constant volume rate. The assumption of flow incompressibility permits to 
express the volume rate flow Q (m3/s) at generic co-ordinates y 1 and Y2  as: 
Q(y 1 )= A(y 1 ). V(y 1  )= A(y 2 ) V(y 2 )= Q, 	 (2.1) 







Figure 2.12. Flow separation. Schematic geometry of the neck, showing the 
pattern of airflow and some parameters of the modelling. From Broad (1979, p. 
209). 
where A and V are the cross-sectional area and the particle velocity, respectively. 
Energy conservation. With the assumption of no energy loss for y : ~ d, the 
subglottal pressure (SG)  can be related to the pressure and particle velocity at 




2 (Y) =P(y)+ _ p .[ 	I , 	 (y ~ d), 	(2.2) 
where p is the air density (= 1.14 x 10-3  g/cm) and PSG ( 2.5-11.5 cm H20)' 7 
corresponds to the static subglottal pressure when the glottis is closed. Assuming that 
the flow has not yet lost energy due to turbulent mixing at y = s (infinitesimally above 
y = d), the Bernoulli equation can be particularised for the glottal outlet as: 
SG  = P(S)+R. Q ] 
	
(2.3) 
The next considerations will prepare for an expression relating the pressure 
change in a glottal vertical level due to changes in glottal areas within the glottis. This 
17  As summarised by Baken (1987, p.  272). 
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expression permits study of the interactions between the aerodynamic (pressure) and 
mechanical (area) components of the vibratory phenomenon. 
Because energy is lost downstream of the glottal outlet due to turbulent flow, 
the Bernoulli equation is not applicable for y> d. However, the supraglottal system 




According to Equation 2.4, the net force F acting on a mass m travelling at velocity V 
changes its momentum (J = mV) at a rate aJ/at. In the next 3 steps, Newton's second 
law will be expressed in terms of the geometry and variables of the model. 
Net force. The net force on the region bounded by y = s and y = r is given by 
F = A(r) P(r) - A(s) P(s) = A(r) P(s), 	 (2.5) 
remembering that A(r) = A(s) in the model and assuming that the static 
pressure at the upper part of the pharynx, P(r), is approximately equal to the 
atmospheric (zero level) pressure. 
Net momentum rate. Regarding the other side of Newton's equation, the net 
momentum rate within the region bounded by y = s and y = r can be 
expressed as: 18 
J = p [V(r) - V(s)]. Q = p [V(r) - V(d)]. Q, 	 (2.6) 
or, using Equation 2.1 to express V() in terms of AO and Q, 
r 1 
A(r) - A(d) 
(2.7) I  
18 A certain amount of fluid with average velocity "V", entering or leaving a system perpendicularly 
through a surface area "A", adds or subtracts a content quantity "q" at a rate = 4 . V A, where 
E is the quantity (mass, heat, momentum, etc.) volume density (Papanastasiou, 1994, pp. 88-90). 
Thus, the momentum rate can be expressed as J = (pV) . V . A = p V . Q. 
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3. Equations 2.5 and 2.7 can then be substituted into Equation 2.4 and 




' 	 (2.8) 
where N = A(d)/A(r)  is the ratio between the glottal outlet area and the 
pharyngeal area. 
The physical descriptions of the supraglottal and intraglottal systems can now 
be merged by substituting Equation 2.8 into Equation 2.3. From the resulting 
equation, an expression for the kinetic term p
. Q 2  /2 can be derived and substituted 





- 1-2N+2N 2 A(y)] 	
(2.9) 
which can be approximated by carrying out a long division for the factor in N and 
keeping only the first order terms, sinceO :! ~ N < 0.1 (i.e., the glottal outlet area is 
small compared to the pharyngeal cross sectional area. Broad, 1979, pp.  213, 216). 






. 	 (2.10) 
Equation 2.10 can finally be expressed in terms of new area variables, that is, 
p, (A,, ,Ad),  where A = A(y) and Ad = A(d). Using this new representation, the 
relationships between changes in the glottal area and changes in pressure levels can be 
studied by calculating dP = (a /aA )dA + /aA d )dA d , giving-'9 
A 
2d dP =2•P 0 	• 1(1+2N)..dA _(1+3N).dA d ]. 	(2.11) A[ 	A 
Notice that N = Ad/A,, leading to the "3N" factor in the dA d component of the derivative. 
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This is the desired expression relating the changes in glottal pressure and the changes 
in glottal areas. 
The implications of this expression will be discussed below. The first term 
inside the square brackets is named "aerodynamic reacting pressure" and quantifies 
the pressure change at a glottal height y due to an area change at the same vertical co-
ordinate. The second term, the "aerodynamic coupling pressure," quantifies the 
pressure change at y due to an area change at the superior edge of the glottis. 
Aerodynamic reacting pressure. The sign of the reactive pressure in 
Equation 2.11 is positive. Observing that for a fixed glottal outlet area the intraglottal 
volume rate (Q = AN) is constant '20 a change dA in the cross-sectional area will 
result in an opposite change in the particle velocity V. In order to maintain the total 
flow energy constant, the local pressure change will oppose the local velocity change, 
being therefore in the same direction as the local area change. This is essentially the 
Bernoulli effect. 
Aerodynamic coupling pressure. The aerodynamic coupling pressure at a 
level y due to a change in the outlet area, dA d , is negative in Equation 2.11. This 
happens because a change in the outlet area changes the glottal volume rate in the 
same direction. Consequently (assuming a constant area at y) the particle velocity at y 
will change in the same direction as dAd , but the pressure at y will oppose the velocity 
change; this accounts for the minus sign. 
In this way, the lower portions of the glottis will face a drop in pressure 
(contributing to the subglottal closure) when the upper edge is opening. Conversely, 
the closure of the upper edge will increase the pressure at lower glottal levels, 
pushing the lower edge apart. 
Glottal outlet. By making y = d in Equation 2.11, it can be seen that there is 
no aerodynamic coupling from A on Pd: 
20 It can be shown, by substituting Equation 2.8 into Equation 2.3, that the volume flow rate does not 
depend on the areas below the outlet, being given by Q = Ad (2 PSG /[p (1 - 2N + 2N2 )]}112 
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dPd 	
2N.PS
G dAd. 	 (2.12) 
Ad 
In other words, the narrow glottal opening clamps the pressure at the glottal outlet at 
a fixed value that is not affected by the closure of the lower edges. Therefore, the 
aerodynamic coupling is not symmetrical, that is, it does not happen from the lower to 
the upper edges of the folds. It is emphasised, though, that the upper and lower edges 
are still mechanically coupled by the tissue layers of the fold. 
The significance of the aerodynamic coupling pressure and, therefore, of the 
flow separation in a small glottis and the vertical phase difference, has been 
demonstrated with a simple two-mass model (Ishizaka & Matsudaira, 1972; Ishizaka 
& Flanagan, 1972) and variations (e.g., Flanagan & Ishizaka, 1978; Koizumi, 
Taniguchi & Hiromitsu, 1987; Conrad & McQueen, 1988; Titze, 1988; Wong et al., 
1991; Lucero, 1993). The fundamentals of the small amplitude analysis of these 
models will be presented below. 
2.3.3.2 Two-mass models 
A simple niechanical model of the vocal folds with two degrees of freedom, capable 
of simulating the vertical phase difference, is shown in Figure 2.13. The left and right 
parts of the model are identical. In this figure, the lumped mass m 1 represents the 
vibrating mass (cover) of the lower portion of one fold and m 2, similarly, is the mass 
of the upper edge. 
The mechanical resistances (r 1 , r2) represent the energy losses and the springs 
(s,, 52)  represent the elastic properties associated to the respective masses; the springs 
Si and s2 tend to return the masses to a rest position when the masses are moved away 
from it. 
The spring 53 indicates the mechanical coupling between the upper and lower 
masses, providing the (mechanical) force that tends to restore the masses to their 
resting position (h) when there is a relative displacement between m 1 and m2 . A 
coupling resistance r 3 is omitted because, according to Broad (1979, p.  220) "it 
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Figure 2.13. Two-mass model. See text for definitions of parameters. After Broad 
(1979, p.  219). 
unduly complicates the analysis without adding anything fundamental to the 
explanation for the vibratory mechanism." 
Regarding the glottal geometry, the longitudinal and vertical dimensions are 
"1" (not indicated in Figure 13) and "d" respectively. The driving forces of the model, 
F 1 and F2, actuating respectively on the masses m 1 and m2 , will be derived below. 
Small amplitude analysis. To allow a tractable analytical development, the 
mass displacements x 1 and x2 are usually assumed to be small compared to h, the 
common equilibrium position of the masses. The equilibrium position h (h > 0) 
defines a small glottal gap, avoiding the problem of collisions between the left and 
right masses during the oscillations. The model is studied by looking for conditions 
that will lead to oscillations with increasing amplitude. For large displacements, the 
simplifications will no longer be valid. Mechanisms that limit possible oscillations will 
not be considered in this analysis but according to Titze (1988, p.  1544), 
"[un large-amplitude oscillations, there is always a limiting function, such 
as a non-linear stiffness or vocal fold collision, that prevents the runaway 
problem faced by unstable equilibrium." 
To obtain the equations of motion for the two-mass model it is necessary to 
find the forces acting on the masses. To obtain an expression for F 1 , it will be assumed 
that Equation 2.11, 
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MO 
(2.11) 	 dP =2  PSG - U[(I+2N)dA _(1+3N).dAd] 
A 	 A 
applies only for the lower mass; this is a rough approximation imposed by the limited 
model. The assumptions of small amplitude displacements and small phonatory gap 
(h) lead to the approximations A = A d and N = 0 which, after being substituted in 
Equation 2.11, give: 
dP = 2P50 .(dA — dA d ). 	 (2.13) 
A 
This equation can be further developed and expressed with the model's parameters, 
by making F1 = dP .(l. 4) A 2•1h, dA 2•1x 1 , and dAd =21x 2 , 
resulting in: 
F1 = 0- (X1 — X2) 
	
(2.14) 
where c1 = PSG . /d i -- s an "equivalent aerodynamic stiffness," as will become 
apparent below. Equation 2.14 clearly shows that the driving force for the lower mass 
m 1 is proportional to the relative movement between the upper and lower masses. 
The force F2 acting on the upper mass is obtained in a similar way, by making 
N = 0 in Equation 2.12, providing 
F2 	0. 	 (2.15) 
Since there is no aerodynamical effect of the lower mass on the upper mass, the 
energy transferred to the lower mass will not be lost aerodynamically. However, the 
lower mass is still mechanically coupled to the upper mass through the spring s 3 . 
Stability analysis. Having found expressions for F 1 and F2 , the mechanical 
system of Figure 2.13 can be described by the following equations of motion: 
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m 1 3 1 +r1 * 1 +s 1 x 1 +(s 3 —b).(x 1 —x 2 )=O 
(2.16) 
m 2 1 2 +r2 * 2 +s 2 x 2 +5 3 .(x 2 —x 1 )=O 
Notice that t behaves like a stiffness affecting only the lower mass. The purpose of 
the following analysis is to find conditions for the coefficients of the equations of 
motion that will lead to an unstable (i.e., oscillatory) solution with growing amplitude. 
To find possible solutions for the equations of motion, they can be Laplace-
transformed giving (for zero initial conditions): 
E s 2 •m 1 +s.r1 +s 1 +s 3 —cI 	 5 3 	1[xi(s)1 [01 -S 3 	 S 2 m2 +s  r2  +s2 +s3][x2(s)j[o] 	(2.17) 
where s = cr + j co and j = 	A non-trivial solution for these equations requires 
that the determinant of the leftmost term be zero, leading to a characteristic equation 
of fourth order with no simple analytic solution (Broad, 1979, p.  224). 
The equations of motion are differential equations whose non-trivial solution 
can be expressed as a combination of the eigenfunctions x 1 = K1 . eSjt, where K 1 is a 
constant and s 1 = 	+ jo. Possible oscillatory solutions with increasing amplitude 
require at least one (complex conjugate) root with co > 0 and 	> 0 since 
K . [et + e_t] = 2K . eat . cos((ot). The conditions for the existence of such 
solutions (but not their explicit determination) can be examined by using the Routh-
Hurwicz Criterion, a technique commonly employed in the analysis of stability in 
linear control systems (e.g., Dorf & Bishop, 1995; pp. 278-286). According to this 
criterion, the existence of an unstable oscillatory solution for Equation 2.17 requires 
that certain determinants, formed with the coefficients of the characteristic equation, 
be all positive. The analysis of the determinants (see details in Broad, 1979, pp.  224-
226) leads to a single necessary condition, 
Si +S 3 >c1>s 3 , 
	 (2.18) 
with two additional sufficient conditions: 
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rLl+s3 V(2.19) m 1  
and 
M 2  5 3 .((I-s 3 ) r1 r2 < 	 . 	 (2.20) 
5 2 +s 3 
The meaning of these conditions will be discussed next. 
The necessary condition for the occurrence of oscillations, Equation 2.18, 
shows that the aerodynamic coupling term cJ must fall in a "moderate" range, 
exceeding the mechanical coupling stifmess (s 3) being, however, smaller than the 
restoring stifmess on the lower mass (si + s 3). Titze (1988) has shown that the 
condition Ct > s 3 is equivalent to saying that the mucosal wave velocity must be less 
than a certain limit value; otherwise, the time delay between the motions of the 
masses will be insufficient to allow the aerodynamic coupling to overcome the 
mechanical stiffness between the masses. 
It is also remembered that the equivalent aerodynamic stiffness is given (in 
connection with Equation 2.14) by (D = SG . I d / h, a constant that depends on the 
subglottal pressure and the phonatory settings that define the glottal length (1), depth 
(d), and gap (h). Thus, small values of t seem to be associated with lax phonatory 
settings, that is, a combination of reduced subglottal pressure (0) ,  reduced vocal 
fold contact (d), and large phonatory gap (h). 
On the other hand, large values of 	seem to be associated with tense 
phonatory settings: a pattern of increased subglottal pressure, increased adductory 
force (decreasing h), and increased medial compression (increasing d). In clinical 
terms this could be, for example, a compensation for a dry mucosa or for a lesion 
obstructing the mucosal wave (which would correspond to a large s 3 in the model). 
Large values of s 3  will make the model behave like a single-mass model, inhibiting the 
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vertical phase difference. 21 It can also be shown (Broad, 1979, p.  226) that Equation 
2.17 will have a real positive root in the case of very large values of c1, meaning that 
the masses will separate exponentially, resulting in a gap that will not allow vibrations 
to occur. 
The two simultaneous sufficient conditions mean that the natural frequencies 
of the two masses should be "similar" (Equation 2.19) and the losses smaller than a 
certain value (Equation 2.20). Speculatively, it might be possible that the upper and 
lower edges of the folds may vibrate in different (possibly sub-harmonic) frequencies, 
as sometimes suggested in videostroboscopic images of pathological larynges. This 
could also be one of the possible causes of the "diplophonia" phenomenon, that is, the 
perception of two tones in the voice (Dejonckere & Lebacq, 1983). 
Refinements in the two mass models, including non-linear tissue stiffness, 
restoring forces due to the collision of the folds, and vocal tract loading, have been 
simulated with numerical approximations of the non-linear differential equations by 
Ishizaka and Flanagan (1972). This computer simulation provided fairly good 
reproductions to some laryngeal conditions that have been observed in normal vocal 
folds, such as (1) a vertical phase asymmetry of 55°; (2) a ratio between the duration 
of the open phase and the total duration of the glottal period (i.e., open quotient) of 
60%; and (3) a dependence of the fundamental frequency on the subglottal pressure at 
about 2.5 Hz/cm H20. 
The aerodynamic principles discussed in this section have been combined with 
more realistic representations of the vocal folds (e.g., Titze & Talkin, 1979), inspired 
by the body-cover concept. This elaborate computational model includes, for 
example, multiple masses and tissue layers (with degrees of freedom in the 
longitudinal and vertical directions), irregularly shaped boundaries, and more refined 
mechanical tissue properties. Advances are likely to contribute to the assessment of 
21  Single-mass models can still vibrate provided that there is strong loading of the vocal tract; it has 
been shown that the innertia of the air column will lead to an asymmetry in the airflow (Ishizaka & 
Flanagan, 1972) whose effects on the vocal fold vibrations are similar to the effects of the vertical 
phase difference (Titze, 1988). The vertical phase difference, however, seems to be the primary 
mechanism that sustains vibrations in the two-mass model with vocal tract loading (Titze, 1988). 
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voice disorders. Computer models have already been used (1) to investigate the 
consequences of asymmetrical vocal fold tension on the vibratory pattern of the folds 
(Ishizaka & Isshiki, 1976; Isshiki et al., 1977); (2) to study the effects of changes in 
tissue stiffness and mass on the regularity of the acoustic output (Wong et al., 1991); 
and (3) in attempts to estimate the mass and volume of vocal fold polyps (Koizumi, 
Taniguchi & Itakura, 1993). 
In summary, this section discussed the relevance of the vertical phase 
difference and the related mucosal wave in the transference of aerodynamic energy 
into mechanical energy, overcoming the losses and setting up vibrations. A 
mathematical analysis based on a simple two-mass model was used to demonstrate 
the relevance of the aerodynamic coupling pressure in the vibratory mechanism. Other 
laryngeal vibratory modes will be discussed in the next section. 
2.3.4 Laryngeal settings 
The study of phonation and sound production in the larynx has been so far limited to 
a single pattern (Figure 2.11) that has been described as the "modal voice" (Hoffien, 
1974; Layer, 1981). The larynx is also capable of vibrating in different ways and 
producing fricative sounds, depending on the muscular settings and the levels of 
subglottal pressure. These vibratory modes can lead to distinct perceptual features or 
voice "qualities." 
Voice quality and phonatory settings have been described by the so-called 
"registers," a term originally associated to certain controls of the pipe organ that 
entered the speech science though the impressionistic description of the singing voice. 
A convenient definition for vocal register seems to be that given by Hoffien (1974, p. 
125): 
"[A] vocal register is totally a laryngeal event; it consists of a series or 
range of consecutive voice frequencies which can be produced with nearly 
identical phonatory quality; that there will be little overlap in fundamental 
frequency between adjacent registers, and that the operational definition of 
a register must depend on supporting perceptual, acoustic, physiologic and 
aerodynamic evidence." 
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The controversy surrounding the existence of certain registers (e.g., Bunch, 
1995, PP.  77-78) and myriads of labels (e.g., Mörner, Fransson & Fant, 1964) will be 
avoided here by adopting the definitions of phonatory settings given by Layer (1981), 
which appears to harmonise with (and extend) Hoffien's definition of register. A few 
synonyms from the register jargon will be mentioned though. 
Laryngeal settings are associated to the balance of the forces produced by the 
intrinsic muscles. As seen before, the glottal shape is defined mainly by the levels of 
adductive force (IA muscles), medial compression (LCA muscle), and longitudinal 
tension (CT muscle). Having the aerodynamic coupling stiffness 4 in mind, these 
changes may also require compensation in the subglottic pressure to allow vibrations 
to occur. A wide range of laryngeal shapes is therefore possible, but some particular 
patterns have been identified in connection with peculiar changes in perceptual 
features of the acoustic signal. 
In his analysis of laryngeal settings, Layer (1981, pp.  93-140) postulated that 
sound, including turbulent noise, can be produced in the larynx depending on the 
combination of four elementary settings: modal, falsetto, creak, and whisper. Whisper 
may not have a correspondent term in the register repertoire, since the latter is 
associated purely to vocal fold vibration. For reasons that will become apparent 
below, modal and falsetto settings are mutually exclusive. Moreover, he defined an 






Figure 2.14. Phonatory settings. Shaded areas indicate possible combinations of 
laryngeal settings. 
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additional condition, harshness, which is a modificatory setting of the basic modes. 22 
A pictorial representation of the possible overlaps between these settings, 
hypothesised by Layer (1981), is presented in Figure 2.14. Although physiologically 
possible, voice production with the combination of certain settings may be rare, 
suggesting the existence of underlying abnormalities. A few physiologic and acoustic 
attributes of the so-organised laryngeal settings will be given next. 
2.3.4.1 Modal voice 
Modal is the "neutral" setting found in the habitual voice of most speakers. 
The laryngeal shape and the vocal folds' behaviour in this setting have already been 
discussed in sections 2.3.2 and 2.3.3. 
In this mode, there is no audible friction and the vibrations are quasi-periodic. 
From the aerodynamic point of view, modal voice is also the most efficient vibratory 
mode. The reported F0 range in modal voice is = 94-287 Hz (adult males) and = 144- 
538 Hz (adult females), the mean values for speaking voice being = 117 Hz (adult 
males) and = 217 Hz (adult females), according to data of many authors compiled by 
Childers and Lee (1991, p.  2395) and Baken (1987, pp.  154-157). Also, the spectral 
envelope of the modulated airflow ("source") decays at approximately 
-12 dB/octave 23 and the vocal folds are in contact for = 40-50% of the duration of 
each glottal period (Klatt & Klatt, 1990). The features of modal voices are taken as 
neutral settings for the purpose of comparison with other settings. 
22  Layer (1981, PP.  132-135) also defines breathiness, a setting that is physiologically different from 
whisper, and would only occur with the modal voice. However, breathiness has not been used in 
practical assessments of voice quality using Layer's definitions. According to Beck (1988, pp.  171-
172) "breathiness seems to be exceedingly rare, at least in public social interaction ... [being also] 
very difficulty to record faithfully. [... Perceptually] there does in fact seem to be a continuum 
between whisperiness and breathiness." 
23  This can be seen by approximating the source pulse by a periodic triangular waveform, whose 
spectrum falls with f 2, f being a generic frequency. So, the slope of the power spectrum per octave is 
20•1og10[(2f)2] -20. logjO[f2] = -12 dB. 
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2.3.4.2 Falsetto 
Falsetto (loft register) is a setting whose main acoustic feature is a high fundamental 
frequency, = 275-634 Hz (adult males) and = 495-1131 Hz (adult females), as 
summarised by Childers and Lee (1991, p. 2395). Physiologically, the vocal folds 
become thin and tense due to the increased action of the vocalis and CT muscles, 24 
resulting in increased longitudinal tension and reduced vibrating mass at the cover 
(Figure 2.15). Moreover, there may exist a small glottal gap (Hoffien, 1974, p.  138) 
and apparently a slight decrease in the subglottal pressure (Hollien, 1974). 
The rise in F0 can be roughly assessed by recalling a well known expression 
for the fundamental frequency of a string of length L, with linear mass density i 
(kg/rn), under tension 't (N), that is, F0 = 	—/ g (e.g., Roederer, 1995). Notice, 
though, that the vocal folds actually elongate with the action of the CT muscle, the 
subglottal pressure also decreasing slightly, but the increased tension and the reduced 
vibrating mass seem to be more significant factors in defining the rise in F 0 . 
Mucosal waves have not been observed in high speed motion pictures of 
falsetto (Zemlin, 1964, p.  155) and, since there appears to exist only one vibrating 
mass, Ishizaka and Matsudaira's (1972) theory may not explain the oscillations 
(Ishizaka 1981).25  Simulations with a single-mass model under vocal tract loading 
(Ishizaka & Flanagan, 1972) suggest that the innertive vocal tract loading may be a 
relevant factor in maintaining the vibrations in falsetto. 
Other characteristics of falsetto include: 
A source spectral slope of = -18 dB/octave (below 2 kHz), as indicated by 
measurements on the spectra produced by Childers and Lee (1991, p.  2398). 
Compared with the -12 dB/octave of the modal voice, the greater spectral tilt 
seems to be caused by the inevitable glottal leakage, reducing sharp transitions 
during the closure and creating a sinusoidal-like glottal flow waveform; 
24  Hirano (1981a) found that the CT may not be important in defining the phonatory settings 
("registers") of singers. However, he used sustained tones in different registers but at the same F0 , a 
rather unusual situation, even admitting that registers may overlap in their frequency ranges. 
25 See discussions at the end of the cited paper. 








Figure 2.15. Phonatory settings. Schematic coronal (modal, falsetto, creak, and 
harsh voice) and endoscopic views (whisper). The whispery setting also indicates 
the main forces defining the glottic shape: Medial compression (MC), 
longitudinal tension (LT), and adductive tension (AD); the latter is indicated by a 
dashed vector, representing its reduced value in whisper. Based on Beck (1988, 
Fig. 2.1-2.5). 
2. Fewer harmonics effectively exciting the vocal tract, due to the higher F 0 
values and the steeper (i.e., -18 dB/octave) 26 attenuation of the partials. 
Consequently, falsetto is perceived as a less loud sound, having also some 
possible friction noise due to the slightly open glottis (Layer, 1981, p.  119). 
Falsetto is a resource used by singers to reach higher notes, being also a 
component of yodelling and, sometimes, ventriloquism (Luchsinger & Arnold, 1965, 
pp. 107-118). It is not a normal habitual setting, though, at least in European 
26 A "rounded" waveform with this spectral slope could be modelled, for example, by the convolution 
of a rectangular pulse and a triangular pulse. Remembering that the frequencies "f' of these pulses 
fall with f' and f 2 , respectively, the envelope of the resulting spectra would fall with f 3 
(i.e., -18 dB/octave). 
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languages, and when regularly employed in the speaking voice, it is likely to be 
associated with laryngeal abnormalities. 
2.3.4.3 Creak 
Creak (glottal fry, pulse register) is characterised acoustically by fundamental 
frequencies significantly below 100 Hz (even females), some reported values being as 
low as 20 Hz (see reviews in Layer, 1981, p.  122-126, and Kiatt & Klatt, 1990). It 
has also been mentioned that creakiness is perceived whenever the intensity of the 
acoustic signal decays by 42-44 dB between the excitation pulses (Layer, 1981, p. 
124) ,27 leading to the perception of discrete pulses at low F 0 values. 
In terms of vocal fold vibration, the main feature of creak seems to be the 
production of a glottal pulse with a very narrow open phase in the range of = 10-25% 
(Hoffien, Girard, & Coleman, 1977). This short open phase will lead to a more flat 
spectrum (as predicted by the time-frequency scaling property of the Fourier 
transform) 28 and possibly to a perception of increased loudness. Observations in high 
speed films have shown that the "open" phase can even be composed of double or 
triple openings, although this does not seem to be a requisite for the perception of 
creakiness (Whitehead, Metz & Whitehead, 1984). 
The acoustic and mechanical features of creak appear to come from the 
following factors (Hollien, 1974): 
Strong adductive and medial compressive forces, increasing the medial 
contact of the folds (Figure 15); 
Low longitudinal tension, resulting in a loose ligamentous glottis; 
Low subglottal pressure. 
Having the two-mass model in mind 29 and recalling again the factor C1 = PSG .1 d / h 
27  Citing Coleman, R. F (1963). Decay characteristics of vocal fry, Folia Phoniatrica 15, PP.  256-
263. 
'8 Th 	 i 	 -I - 	at is, if the Fourier transform of x(t) s X(f), then the transform of x(at) will be al X(f / a). 
29 Admitting, though, that creak can have vibratory patterns that may not be adequately interpreted 
with this model, unless refinements such as left-to-right asymmetries (Isshiki et al., 1977) are 
incorporated. 
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of Equation 2.14, the parameters presented above seem to lead to (1) increased 
masses; (2) decreased mechanical stiffness in the coupling spring s 3 , since the cover 
becomes more pliable; (3) decreased glottal gap "h" and increased medial contact "d", 
due to the rise in the adductive forces; and, consequently (4) lower subglottal 
pressure to achieve c1 values suitable for phonation. 
The enlarged masses and the lower subglottal pressure would account for the 
drop in F0 (Titze, l989). ° The narrow pulse could be justified by a large value of the 
aerodynamic coupling forces, since it is reasonable to hypothesise that the vertical 
phase difference (or, equivalently, the relative displacement x 1 - x2) would have the 
largest values in creak. This would lead to a fast collapse of the folds after a slow 
opening phase; it seems also reasonable to assume that the opening phase would be 
longer due to the lower subglottal pressure, increased masses, and increased 
adductive force. 
Detailed images of creak voice production are rare because equipment for 
high speed imaging is still a luxury of a few laboratories. Moreover, the view of the 
folds can be obstructed by the adduction of the vestibular folds, which may also 
interfere with the vibrations (Allen & Hoffien, 1973). To make things worse, the 
artificial slow motion obtained with video stroboscopy also suffers from artifacts 
caused by high cycle-to-cycle irregularities in "creaky" vibrations. 
However, it is likely that the vibration pattern presents longitudinal modes of 
different orders (Figure 2.16), as suggested by the multiple openings mentioned 
above, electroglottographic recordings (e.g., Layer, 1981, p.  112-113), and 
theoretical predictions (Titze and Strong, 1975). It has been claimed, based on 
simulations of a lax cover, that creaky vibrations may be chaotic oscillations which 
"might be understood in terms of a desynchronization of a few of the low-order 
30  Fundamental frequency and the amplitude of the acoustic waveform are functions of the subglottal 
pressure. Vocal intensity I has been determined empirically by the expression I cx F, "r" being 
reported as typically 3.3 (Broad, 1968, p.  52), although more recent data (Titze, 1989) suggest a 
smaller value (.'J). Titze also found that, for a fixed membranous vocal fold length, F 0 increases 
linearly with Ps0. 
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Figure 2.16. Longitudinal modes. The t'ideostrohoscopic frame shows different 
modes in the left and right folds. 
modes ..." (Berry et al., 1994, P.  3595); this desynchronisation represents a change in 
the 1:1 frequency ratio between the two halves of the vibrating larynx. 3 ' Also, creaky-
like vibrations have been simulated by Ishizaka and Isshiki (1976) by introducing 
bilateral asymmetries in the two-mass model; regarding their "Type II" vibration, they 
observed (p.  1195) that "[t]his pattern is characterised by unsteady dicrotic or 
tricrotic motion. The voices of this pattern are perceived as rough or diplophonic." 
The results of this study were later validated in experiments with excised human and 
canine larynges (Isshiki et al., 1977). 
In summary, the main features of creaky voice are (1) low fundamental 
frequencies, (2) a significant drop of energy between glottal pulses, and (3) loose 
vocal folds and low subglottal pressure, leading to vibrations with possible high order 
longitudinal modes. 
2.3.4.4 Whisper 
There is a certain agreement (see review in Layer, 1981, pp.  120-122) that the 
distinctive feature of whisper is the strong audible friction resulting from turbulent 
airflow passing through an open cartilaginous glottis. The glottal outline (Figure 2.15 
p. 48), normally described as a "Y", is determined by a low adductive tension (IA 
31  Successive bifurcations in the oscillating frequency (i.e., from the fundamental frequency F ) to 
F12 ° , "n" being an increasing positive integer) is a trajectory follow non-linear 
dynamical systems in their route to chaos (e.g., Eckmann, 1981).  
ai 
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muscles) and a moderate to high medial compression. Turbulent airflow occurs in the 
posterior glottal gap due to the high levels of subglottal pressure. 
The whispery dimension can also be combined with other laryngeal settings 
that involve vocal fold vibration (Figure 2.14, p.  45). Acknowledging physiological 
differences between Layer's definitions of whisper and breathiness, these terms will 
be used indiscriminately hereafter. This is motivated by the comments in the footnote 
22 (p.  46) and by the fact that, in voice disorders, the production of audible friction 
can result from a variety of difficult-to-classify types of glottal chinks (section 2.4) 
whose acoustic attributes may be similar. 
2.3.4.5 Harshness 
Layer's definition of harshness (Layer, 1981, pp.  126-132) relates to cycle-to-cycle 
irregularities of the glottal pulses. In his original work, he links harshness mostly to 
instantaneous fluctuations in fundamental frequency values (i.e., jitter). In a later 
paper (Layer, Huller & Beck, 1992), harshness is also attributed to increased shimmer 
(similarly to jitter, a generic term related to cycle-to-cycle amplitude perturbations). 
In his original discussion, concerned primarily with normal larynges, Layer (1981) 
finds support in a number of reports to associate harshness with increased laryngeal 
tension and a certain drop in F0 . 
The underlying mechanisms of harshness seem to be complex. Layer (1981, p. 
130) cites an experiment of another researcher 32  "who describes the inflammation of 
the vocal folds which results from their traumatic abuse by the deliberate, 
experimental production of harsh voice." The scenario of hyperfunction leading to 
vocal fatigue and weakness, inflammation, and then to permanent lesions like nodules 
is common and well known (e.g. Luchsinger & Arnold, 1965; Hillman et al., 1989; 
Fawcus, 1991, pp.  139-175). In regard to vocal fatigue, Luchsinger and Arnold 
(1965, p. 314) observed that "it is the vocalis muscle that becomes chronically 
fatigued from continuous vocal overexertion, particularly when tense phonation with 
32  Bracket (1940), The Growth of Inflammation of the Vocal Folds Accompanying Easy and Harsh 
Production of Voice. M.A. thesis (Northwest University). 
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hard glottal strokes and poor respiratory support are at fault." Weakness of the 
vocalis could account for a decrease in longitudinal tension and a certain drop in F 0 
(though the adductive force, the compressive forces, and the subglottal pressure, 
seem to increase). 
The decrease in longitudinal tension and the existence of asymmetries between 
the left and right parts of the focal folds may be the important factors in the 
production of irregular vibrations. The larynx undergoes many changes as a 
consequence of normal ageing. These changes may not be symmetric and include (see 
Linville, 1992, for a brief review) erosion of joint surfaces, reduction of nerve 
endings, mucosal oedemas and thickening, or muscular atrophy. 
The importance of changes in biomechanical parameters has been investigated 
by Wong and colleagues (Wong et al., 1991) using a multiple-mass model that was a 
hybrid of the models of Ishizaka and Flanagan (1972) and Titze (1973); in their 
conclusions (p.  392), they stated that a "low value of constant longitudinal tension [in 
the vocalis] is necessary for any perturbations to occur" observing also that bilateral 
"localized mass increases also resulted in a large irregular component." 
Along with the possible biomechanical factors mentioned in the previous 
paragraph, jitter may also have neurological components. Baer (1978) found that the 
twitch of a single muscle fibre in the CT muscle can cause an instantaneous F 0 
perturbation, suggesting that normal fluctuations in the firing rate of motor units can 
be a contributing factor in F 0 random fluctuation. Some authors have also suggested 
that the cardiovascular system may interfere with the fundamental frequency (Orlikoff 
& Baken, 1989). 
Various aspects of vocal quality have been presented in the previous 
discussions, having a normal larynx as model. The labels for vocal quality that have 
been introduced will be also valid for describing the types of voices produced by 
speakers affected by laryngeal abnormalities. These abnormalities will be addressed in 
the next section. 
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2.4 VOICE DISORDERS 
Most of the discussions have dealt so far with the behaviour of a normal laryngeal 
apparatus. Obviously, it is essential to comprehend the normal larynx in order to 
identify and evaluate the degree of a possible abnormality. 
The phonatory implications of laryngeal abnormalities will be at the focus of 
this work. However, some knowledge about other aspects of the laryngeal disorders, 
like their symptomatology, seems to be essential in order to identify possible 
pathologies whose clinical assessment may benefit from laboratory tests of voice 
production. 
In general, the diagnoses of persons looking for advice in a voice clinic can be 






This division is not without problems, and it is not claimed here that this is the most 
adequate classification. It is merely a possible grouping for the purpose of this review. 
The class of (1) normal patients includes those cases where no problem has 
been detected during the examination. Evidently, the determination of the underlying 
cause of a symptom depends on the available information and the clinicians' expertise. 
This group can also include patients considered normals in a follow-up after a certain 
treatment. The non-specific (5) other group may include patients improperly sent to 
the voice clinic, being re-referred to other specialists. The (4) mixed class is 
understood here as a combination of (2) functional and (3) organic disorders, which 
are the centre of the next discussion. An exhaustive account of such problems would 
be a formidable task, so that peculiarities of only a few representative functional and 
organic disorders will be given here. 
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2.4.1 Functional disorders 
Functional disorders are understood in this dissertation as conditions where the larynx 
is structurally normal but the patient presents voice problems due to an inadequate 
muscular adjustment. This muscular imbalance can arise from many causes, including 
(1) psychological factors such as anxiety, fatigue, depression, or hysteria (Aronson, 
1990; Butcher, Elias & Raven, 1993); and (2) vocal abuse or misuse associated to the 
way the person habitually uses the voice (Luchsinger & Arnold, 1965, pp. 303-323; 
Morrison, Nichol & Rammage, 1986; Hillman et al., 1989; Morrison & Rammage, 
1993). 
Functional disorders can be described according to the shape of the glottis. A 
few examples will be given below (after Morrison & Rammage, 1993). 
Posterior glottal chink (Figure 2.17a). Similarly to the "whispery" glottis, this 
condition can lead to an audible friction, depending on the size of the chink and the 
levels of subglottal pressure. Morrison and Rammage (1993, pp.  430) stated, in 
regard to experiments with excised larynges, that "it was easily seen that when the 
glottis was closed with firm lateral crico-arytenoid and inter-arytenoid muscle pulls it 
(d) 	 (e) 	 (1) 
Figure 2.17. Functional voice disorders. (a) Posterior glottal chink; (b) Lateral 
glottic contraction; (c,f) Ventricular dysphonia (the vestibular folds are 
indicated by the shaded area superimposed on the vocal folds); (d) Bowed vocal 
folds; (e) Longitudinal glottal chink. 
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took only a light traction on the PCA to open the posterior chink [ ... ]." Posterior 
glottal chinks are relatively common in women (Linville, 1992) possibly due to a 
larger distance between the bilateral cricoarytenoid joints (Hirano, Kiyokawa & 
Kurita, 1988). It may also be an artifact of rigid telescope endoscopy, since the 
patient leans forward, flexes the neck, and has the tongue pulled forward, which is a 
rather unnatural position for phonation (Sodersten & Lindestad, 1992). 
Lateral glottic contraction (Figure 2. 17b).This abnormality seems to be 
caused by excessive medial compression by the pharyngeal constrictors, compensating 
for possible fatigue of the intrinsic musculature. The consequence is an effortful 
vibration with increased harshness and decreased fundamental frequency, with 
possible creaky episodes (Morrison & Rammage, 1993). 
Ventricular dysphonia (Figure 2. 17c,f). This is the hyper-adduction of the 
vestibular folds whose vibration seems to be extremely rare, causing a deep, effortftil, 
and severely harsh voice (Layer, 1981, p.  130-131). It has been said 
33  that this voice 
"once heard is never forgotten"; this is confirmed by me based on a single 
opportunity, in a 30-month period, of recording such (unforgettable) voice. 
Bowed vocal folds (Figure 17d). This situation is also described as 
"myopathic 34' vocalis atonia 1351" (Luchsinger & Arnold, 1965, p.  308) and is thus 
associated to vocal fatigue. Visually (Maran, 1995a) the larynx also resembles 
(1) presbyphonic condition (i.e., senile muscle atrophy) and also (2) a myopathic 
reaction to steroid inhalers, commonly seen in asthmatic patients. Interestingly, in the 
three aetiologically different myopathic conditions mentioned above the patient is 
likely to have inadequate breath support that, combined with the glottal gap and the 
reduced longitudinal tension, leads to a weak and breathy voice. Some patients may 
33 Layer (1981, P.  131) cites Plotkin, W. H. (1964), Ventricular Phonation: A Clinical Discussion of 
Aetiology, Symptoms and Therapy, American Speech and Hearing Association Convention 
Abstracts 6, p. 409. 
34 That is, that weakens the muscle. 
35 Lack of tonicity or tension. 
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complain of some drop in F0, but this may not be promptly recognised by the 
clinicians. 
Longitudinal chink or hypoadducted vocal folds (Figure 2.17e). This is a 
relatively rare situation where the larynx is normal in other adductory functions like 
coughing but the vocal folds are held away from the mid line during phonation. The 
disorder is sometimes called "hysterical" aphonia, an unfortunate label that, if 
presented to a patient, may lead to stigma and complication of an already difficult 
psychological scenario. 
Many other patterns and variations of the aforementioned forms are described 
in the cited literature. The management of these "functional" problems often requires 
the delicate task of identifying and treating underlying psychological components 
(Aronson, 1990; Butcher, Elias & Raven, 1993). Relaxation techniques (Fawcus, 
1991, pp.  145-150) or laryngeal. manipulation (Luchsinger & Arnold, 1965, p. 144) 
are sometimes tried for alleviating bodily tension. Long periods of faulty phonation 
can also lead to muscular atrophy. In this case, the voice therapist can recommend 
corrective vocal exercises such as phonatory glides to reinforce the tensor muscles, or 
"pushing exercises" (i.e., a combination of phonation and physical effort) to 
strengthen the adductor muscles (Froeschels, Kastein & Weiss, 1955; Greene, 1972; 
Stemple, 1993). Some exercises may also be adequate for the management of organic 
disorders, as will be seen next. 
2.4.2 Common organic disorders 
Organic disorders are understood here as changes in structural and mechanical 
aspects of the cartilages, muscles, mucosal linings, and nerves of the larynx. The 
origin of these disorders is diverse and the severity will depend on the combination of 
predisposing, precipitating, and aggravating factors. These factors can be organised 
as follows (Moore, 1963): 
1. Voice misuse or abuse, causing mechanical attrition that leads, for example, to 
thickening of the mucosal linings and subepithelial oedemas; 
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Mechanical and chemical irritants (tobacco, gases, dust, etc.), producing 
inflammatory reactions or mucosal drying. Coughing can also be present, 
leading to extra mechanical damage of the folds in a vicious circle; 
Conditions leading to excessive blood supply and secretion (e.g., alcoholism, 
allergies, certain medicaments), changing the mass and elastic properties of the 
vocal folds; 
Traumas and surgeries involving the head, chest, or neck, and affecting the 
vocal fold integrity and mobility; and 
Lesions, that is, malignant or benign tissue growths. 
Remembering that there are other criteria for the classification of organic 
disorders (e.g., Mackenzie et al., 1983;36  and Becker, Naumann & Pfaltz, 1989 37  ) and 
that certain pathologies may fall into more than one group depending on their stage of 
development, organic disorders can be grouped according to how they modify the 
normal vibratory mechanisms. Disorders can thus: 
Alter the longitudinal tension of the vocal folds (e.g., paralysis, bowing); 
Interfere with the vocal fold adduction and medial compression (e.g., 
paralysis, and lesions in the cartilaginous glottis such as granulomas and 
contact ulcers); or 
Introduce extraneous masses or elastic deformations in the ligamentous 
glottis (e.g., polyps, nodules, cysts, papillomas, carcinoma, Reinke's oedema, 
36 Disorders of the childhood are excluded and the pathologies are organised according to their 
location in the vocal folds, emphasising the mechanical effects on the tissue layers. There are two 
main groups, namely disorders of the (1) Ligamentous area, and (2) Cartilaginous area. In the first 
group, the pathologies are further split into those originating (i) in the epithelium, (ii) in the 
superficial layer, (iii) in the vocalis muscle, or (iv) in an unspecified layer. The second group has no 
such divisions. In both main groups the pathologies are finally arranged into those that have a 
normal or a disrupted tissue layer geometry. 
37 The anomalies are organised into the following classes: (1) Congenital anomalies, basically 
referring to problems detectable in new-horns and children; (2) Functional disorders, which include 
mainly cases of paralysis; (3) Traumatology disorders, containing nodules, contact ulcers, accidents, 
and foreign bodies; (4) Inflammation, with various types of laryngitis and other infections; and (5) 
Tumours, including benign growths (polyps, Reinke's Oedema, papillomas, and cysts) and 
malignant laryngeal carcinoma. 
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sulcus vocalis, and scarring). 
Notice that functional disorders are a significant source of organic disorders and 
patients may show a mixed pattern. A typical example is the formation of nodules (an 
organic problem, as understood here) due to vocal abuse (a functional problem). 
Some of the organic disorders mentioned above will be briefly described 
below; more extensive and detailed information can be found elsewhere (e.g., Moore, 
1963; Greene, 1972; Morrison et al., 1986; Becker, Naumann & Pfaltz, 1989; 
Bouchayer & Cornut, 1992; Hirano & Bless, 1993). 
Nodules (Figure 2. 18a,b; p.  62). One of the most common abnormalities, 
nodules are small rounded masses usually situated at the middle of the membranous 
glottis, which is the point of maximum displacement during vibrations. Nodules are 
usually bilateral and originate from the attrition of the folds due to vocal abuse, being 
more frequent in women and children. This is probably related to the higher pitch that 
causes more frequent collisions (Titze, 1989a). Singers and persons with voice-
demanding lives (teachers, preachers, telephonists, etc.) are also frequently affected 
by nodules. 
Nodules do not infiltrate into the inner layers and allow a certain degree of 
mucosal wave. When "soft" they should be treated with voice rest followed by voice 
therapy to establish healthier phonatory habits; when "hard," surgery followed by 
voice therapy is recommended (Bouchayer & Cornut, 1992). Nodules can also occur 
due to faulty compensatory gestures. An apparently common and overlooked 
situation has been mentioned by Bouchayer and Cornut (1992, pp.  159-160) who said 
that "[alt the anterior commissure, in 22% of nodule cases, one finds a congenital 
mucosal microweb [ ... ]" that is likely to be the triggering factor. 
Polyps (Figure 2. 18c,d). These lumps occur in the membranous part of the 
vocal folds and do not adhere to the ligament. They are usually larger and softer than 
nodules, having also varied sizes and shapes that "may be due to the stage in the life 
cycle of the polyp during which it has been examined" (Kotby et al., 1988). They are 
benign lesions of unknown (and possibly varied) aetiology, with a greater incidence in 
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adults in the age of 30 to 50 years (Kawase et al., 1982). Polyps are usually cut off 
surgically (Bouchayer & Cornut, 1992). 
Reinke's oedema (Figure 2. l8e,f). Also known as polypoidal degeneration, 
especially in the Japanese literature, this oedema is usually widely spread in both 
folds, leading to a characteristic deep and harsh voice. This disorder occurs more 
often in adults, especially women, and is strongly correlated with smoking habits 
(Kawase et al., 1982). The currently recommended treatment is surgical aspiration 
(Bouchayer & Cornut, 1992) with total elimination of smoking to avoid recurrence. 
Cysts (Figure 2. 18g,h). These growths can be easily misdiagnosed as nodules 
but, visually, a cyst is slightly broader than a nodule. Structurally and "operationally" 
they are rather different though, since a cyst is a denser mass usually attached to the 
ligament, causing therefore marked reduction in the mucosal wave (Shohet et al. 
1996). A cyst, which can also cause a nodule in the opposite fold, requires a careful 
surgical dissection (Bouchayer & Cornut, 1992). 
Sulcus vocalis (Figure 2.1 8i,j). Sulcus has been described as "an invagination 
of the ... epithelium producing a ... pocket going into the Reinke's space ... until it 
touches the vocal ligament" (Bouchayer & Cornut, 1992, p.  173). These furrows can 
be easily missed in videoendoscopic examination and are sometimes suggested only 
by a longitudinal scar-like mark. The patients usually have a harsh voice. A delicate 
surgery (Bouchayer & Cornut, 1992) is currently recommended. From a mechanical 
and diagnostic point of view, sulci seem to have some similarities with post-surgical 
scars caused by the old "stripping" technique for removing nodules. 38 
Contact ulcers. These ulcers occur in the vocal processes due to the 
hammering of the arytenoids against each other. They are typically a male disorder 
possibly due to the greater proximity of the arytenoids (Titze, 1989a). Contact ulcers 
are also associated with loud and abusive phonation in low pitch, leading to vibration 
of the arytenoids (Greene, 1972, p.  135) possibly in a subharmonic frequency. 
38  See Luchsinger and Arnold (1965, p.  186) for details. 
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Although often mentioned in the literature, contact ulcers are rarely seen in the UK 
(Maran, 1995b). 
Tumours. These are usually irregular growths that can occur anywhere in the 
larynx. Many of them are benign, such as papillomas. Papillomas (Figure 2.18k) are a 
viral pathology that spreads everywhere in the larynx leading eventually to total voice 
loss. There is no known cure and the disease can last for decades. Moreover, the 
currently used laser vaporisation technique can lead to frustrating recurrences, if 
applied when the virus seems to be "active", that is, producing new papillomas 
(Maran, 1995c). Papillomas may be linked to vaginal warts (Abramson, Steinberg, & 
Winkler, 1987; Derkay, 1995) and the incidence has increased systematically in the 
juvenile population possibly due to changes in sexual behaviour (Maran, 1995d). 
Practically all malignant laryngeal tumours (Figure 2.181) are associated with 
smoking (Maran, 1995e), the incidence being ten times more frequent in men in the 
age of 45-75 years (Becker, Naumann & Pfaltz, 1989, p.  421). The indication of 
radiotherapy or surgical removal of the infected tissue depends on the stage and size 
of the tumour. The surgery is highly destructive and may require total laryngectomy. 39 
Paralysis. This disorder occurs when the Vagus nerve is damaged in its 
trajectory from the brain to the larynx. Paralyses (e.g., Hirose, Sawashima & 
Yoshioka, 1982; Becker, Naumann & Pfaltz, 1989) are caused mainly by surgeries in 
the neck, especially thyroidectomy. Other causes include chest surgery, traumatic 
accidents, and viral infections (e.g., influenza); the lack of an apparent cause, 
especially in the less frequent paralysis on the right side may be an indication that a 
malignancy in the head or neck is damaging the Vagus. The symptoms will depend on 
what part of the Vagus is affected, whether the paralysis is unilateral or bilateral, 
whether there is atrophy of the paralysed fold, and whether the normal fold is able to 
perform compensatory articulation beyond the mid line (text continues in p.  64). 
39 This is the removal of the whole larynx and the surgical adaptation of the neck to realise some of 
the vital functions, basically swallowing and breathing. The voice is lost but some patients learn to 
phonate in a very deep voice using the oesophagus as source of air and the oesophageal sphincter as 
a pseudoglottis. Electronic devices may also be used to help voice production (Greene, 1972). 











Figure 2.18. Organic vocal fold disorders. Endoscopic images and coronal l'ie,t' 
of the folds (tile latter, adaptedfrom Hirano & Bless, 1993). (a,b) bilateral hard 
nodules; (c-d) polyp in the left fold; (e,f) Reinke 's oedema; (g,h) cyst in the right 
fold. Figure continues. 






Figure 18 (continued). (i,j) sulcus vocalis in the left fold, (k) papillomas; in that 
case, resembling an inflammatory laryngitis; (1) malignancy on the right fold; 
(m) paralysis of the left side, the image is rotated but shows the reduced opening 
in the affected side; (n) bilateral paralvis that may look like a normal larynx 
except that this is the maximum inspiratory opening. 
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Unilateral paralysis of the recurrent nerve (Figure 2.18m) is more frequent in 
the left side (e.g., Hirose et al., 1981), since the left nerve is longer. Paralyses lead to 
incomplete glottal adduction and patients usually present breathy voices. In the case 
of bilateral paralysis (Figure 2.18n) of the recurrent nerve, the voice may be lost due 
to a complete lack of medial contact. Since glottal abduction is also limited, there may 
be some breathing difficulties, with possible inspiratory instridor and aspiration of 
saliva (the latter being followed by a lung-protective cough). The treatment of 
paralyses can involve voice therapy (pushing exercises) and the injection of jelly-like 
substances into the paralysed fold to add bulk (see, e.g., Stockley, 1991). 
Paralysis of the superior nerve affects the CT muscles, reducing the tension 
capabilities of the folds. These paralyses can be difficult to diagnose (e.g., Dursun et 
al., 1996). Practically no abnormality is seen in endoscopic images, the suspicion of 
paralysis arising in case of a monotonous and easily tired voice (e.g., Bevan, Griffiths 
& Morgan, 1989). It seems reasonable to speculate that the tiredness can come from 
an attempt to vary F0 by changing the subglottal pressure. Electromyography is 
necessary for the correct diagnosis of such abnormalities (Hirano, 1981). 
2.4.3 Clinical assessment of voice disorders 
Videoendoscopy (see Hirano & Bless, 1993) is currently the recommended 
technique for obtaining diagnostic images for most of the known laryngeal disorders. 
In videoendoscopy, images are obtained with a camera coupled to small lenses, the 
larynx being illuminated either through a nasal flexible fibreoptic, or by means of an 
oral telescope (Figure 2.19). Some clinically aspects of these methods are presented 
below. 
Nasal endoscopy, compared to rigid telescope endoscopy, has the advantage 
of being less invasive to voice production, permitting the observation of the larynx 
during continuous speech, singing, and other laryngeal functions; it is particularly 
useful for the assessment of functional disorders. When compared with rigid-
telescope endoscopy (Swashima & Ushijima, 1971; Casper, Brewer & Colton, 1988; 
Hirano & Bless, 1993), the main disadvantages of nasal endoscopy seem to be 
(1) poorer image definition caused by the insufficient illumination allowed by the fibre 
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Figure 2.19. Endoscopy. Rigid telescope examination (left) and flexible 
fibrescope (right). The patient is holding the tongue, as is sometimes preferred. 
After Sondersten and Lindestad (1992, p.  146). 
calibre, causing difficulties to the assessment of small lesions; (2) some colour change 
of the folds; and (3) some geometrical distortion. 
Rigid telescope endoscopy, on the other hand, can provide better images due 
mainly to a more powerful illumination, at the cost of a more invasive examination. 
Since the epiglottis can obstruct the view of the vocal folds during speech, the 
phonatory tasks become limited to sustained vowels, pitch glides, and arpeggios. The 
patient's gag reflex can also be a problem, requiring an unpleasant anaesthetic spray. 
Videostroboscopy. Although static images can be adequate for the diagnosis 
of many disorders, some pathologies can be only detected by a detailed observation of 
the vibrations in slow motion. Video stroboscopy provides false slow motion images, 
being currently the best affordable method for visualising the dynamics of phonation 
(Hirano & Bless, 1993). In this technique, the vocal folds are illuminated only once at 
each glottal cycle, the light source being triggered by an auxiliary device for real-time 
FO detection. Assuming a modal vibratory pattern and constant fundamental 
frequency, a slow motion can be produced by using a flash rate slightly different (I to 
2 Hz) from the fundamental frequency. A frame rate identical to F 0 (with an additional 
possibility of adjusting the phase of the flashes along the glottal period) is also used; 
this offers the possibility of "freezing" the folds at a desired position, being 
particularly useful for the assessment of the degree of glottal closure. 
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The most valuable information provided by the videostroboscopy is probably 
concerned with the bilateral symmetry of vibration. If, for example, one fold is heavier 
or more tense than the other, the folds may vibrate out of phase or with different 
degrees of intensity; non-vibrating portions may also be present. Moreover, mucus 
being systematically collected at some portion of the vocal folds may suggest an 
abnormality affecting the mucosal wave (Maran, 19951). Videoendoscopic features 
like these can be caused by lesions that are sometimes undetected in still images. An 
example of asymmetry has been shown previously in Figure 2.16 (p. 51); other details 
will be addressed in subsequent chapters. 
The vertical phase difference and the mucosal wave can also be roughly 
assessed in stroboscopic images. A mucosal wave moving along the full extension of 
the folds is an important indication of an intact cover and an aerodynamically efficient 
vibration. 
The videostroboscopic assessment of voice requires practice and depends on 
the interpretation of the images. The technique also suffers from many technical 
limitations and a clinician should be aware of them. Initially, (1) the sampling method 
mentioned above is inappropriate for the observation of higher order vibration modes; 
moreover, (2) there is an extra "decimation" imposed by ordinary videocassette 
recorders (Hirano & Bless, 1993, p.  7), which are limited to approximately 33 frames 
per second; taking for example a male voice of 100 Hz, the recording equipment 
would "miss" 2 out of 3 flashes because the images will be overlapped in the camera's 
retina. This problem is obviously more critical at higher fundamental frequencies 
artifactual jitter and gross errors can be introduced by the F 0 detection device; 
the lack of skill in controlling the pedal typically used to adjust the phase in the 
"freezing mode" can be also a source of artifacts, and finally (4) in the case of patients 
with weak or breathy voices, F 0 detection may fail totally, frustrating the examination. 
Videostroboscopy is also inadequate to differentiate vocal fold paralysis from 
immobility of the folds due to mechanical fixation (Hirano, 1981, p.  21). This sort of 
differentiation can be carried out by means of electromyography, an invasive and 
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uncomfortable technique in which needle electrodes (usually) are used to pick up 
electrical signals associated to muscular activity. 
2.5 CONCLUSION 
This chapter addressed some topics on the larynx anatomy, physiology, and 
pathology, emphasising its phonatory function. The vocal fold's layered structure was 
presented and its behaviour as a vibratory system was described. Next, the vertical 
phase difference in the vibratory mechanism, along with the airflow separation in a 
narrow glottis, were the basic principles for a mathematical modelling of the modal 
voice. A chief feature of the two-mass model, the concept of aerodynamic stiffness, 
could also be exploited for explaining possible mechanisms occurring in other 
vibratory modes. The chapter concluded with an overview of voice disorders and an 
account of the advantages and limitations of videostroboscopic assessment. 
The arsenal of clinical tools includes many other techniques (e.g., 
electroglottography, photoglottography, aerodynamic measurements, and acoustic 
analysis) for the assessment of the respiratory function, the laryngeal vibratory 
mechanism, and the acoustic signal. The reader is referred to Hirano (1981) and 
Baken (1977) for comprehensive reviews on most of them. Two techniques, 
electroglottography and acoustic analysis, were investigated in this research and will 




Assessment of Voice Disorders 
3.1 INTRODUCTION 
Electroglottography is a technique attributed to Fabre (1940, 1957),' who originally 
devised a method for electrical detection of blood pulsation. In this technique, a high 
frequency carrier is applied to the body (by means of contact electrodes) to be 
amplitude-modulated by the transcutaneous impedance changes associated with the 
vascular pulse. In 1957, Fabre suggested that the technique could be appropriate for 
detecting impedance changes across the neck caused by vocal folds' vibrations. This 
basic principle was confirmed experimentally in a number of studies (e.g., Fant et al., 
1966; van Michel, 1967; Lecluse, Brocaar & Verschuure, 1975; Gilbert, Potter & 
Hoodin, 1984). 
The main appeal of electroglottography is 	the availability of relatively 
inexpensive and easy-to-use devices to obtain a signal related to the phonatory 
mechanism. The technique is non-invasive and can be used in running speech. 
P. Fabre (1940), Sphygmographie par Simple Contact d'Electrodes Cutanées. C. R. Séanc. Soc. 
Biol. 133, pp.  639-640; P. Fabre (1957), Un Procddé Electrique Percutané d'Inscription de 
I'Accolement Glottique au Cours de la Phonation. Glottographie de Haute Fréquence. Bull. Acad. 
Nat,z. Med. 141, pp.  66-70. As cited by Smith (1981, p.  114). 
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Moreover, the electroglottographic (EGG) signal suffers little influence from vocal 
tract resonances being especially useful for F 0 tracking (Krishnamurthy, 1983; 
Orlikoff, 1995). Also, EGG signals permit a certain speculation about the phonatory 
settings and the effects of vocal fold pathologies on phonation. Currently, 
electroglottography is utilised in the study of voice production, in the assessment of 
voice disorders, and as a visual feedback aid during the treatment of dysphonias (e.g., 
Fourcin et al., 1995). However, as will be discussed in the course of the chapter, 
electroglottography suffers from many limitations and users should be aware of them 
(Baken, 1987, pp.  219-227; Colton & Conture, 1990). 
Electroglottography is also known as "electrolaryngography" or simply 
"laryngography." Recognising that this technique relates not only to the glottis, but to 
the larynx as a unit, Baken (1987, p.  217) pointed out that 
"laryngography (sic.) has long been used by radiologists to refer to contrast- 
medium vizualisation of the larynx [...1. To prevent any confusion, it seems 
wisest to retain the term electroglottography despite its literal inaccuracy." 
The next sections of this chapter will describe the technique and its limitations, 
focusing on methodological aspects for data acquisition, pre-conditioning, and 
analysis. Several algorithms for the improvement of the EGG signal quality and the 
extraction of objective measures will be described. Relevant aspects of the EGG 
technique that may not be detected by the implemented methods of objective analysis 
will also be addressed. 
3.2 THE TECHNIQUE 
3.2.1 The instrument 
A schematic representation of the most important features of an electroglottograph is 
shown in Figure 3.1. A high frequency signal (carrier) is passed through the neck by 
means of two metallic electrodes "A" and "B", transformers being used to provide 
electrical isolation to the users. In commercial instruments, the amplitude and 
frequency of the carrier are of the order of 0.5 V and 0.3-5.0 MHz, respectively 
(Baken, 1987). The carrier is amplitude-modulated by the variation of the electrical 










Figure 3.1. Main features of an electroglottograph. This figure is not intended to 
reflect construction details of any specific commercial model, but only the most 
likely features. HF GEN. = High frequency generator; A, B = metallic electrodes 
positioned at the level of the thyroid cartilage; ZAB = effective electrical 
impedance between the electrodes; AM DEM. = slope detector (amplitude 
demodulator); AMP. = amplifier; BP FILT. = bandpass filter; AGC = automatic 
gain control. 
impedance between the electrodes (ZAB) and is demodulated by an envelope detector. 
The detected signal is then amplified, subject to an automatic gain control (AGC), 
being also limited to a certain bandwidth, as indicated by a bandpass (BP) filter. 
Figure 3.1 represents the vocal folds in a partially closed position. Possible current 
paths through the anterior and posterior parts of the larynx are suggested. 
It has been demonstrated experimentally, based on the comparison of diverse 
instruments (Lecluse, Brocaar & Verschuure, 1975), that carrier frequencies below 
50 kHz result in an undesired sensitivity to capacitive components of the impedance 
ZAB. These would include electrode-to-neck capacitances and, possibly, capacitances 
between other laryngeal folds (e.g., vestibular folds). 
The electrodes are usually but not necessarily circular, with a diameter of 
approximately 2.5 cm. Smaller electrodes may be necessary for children. It has been 
shown (Lecluse, Brocaar & Verschuure, 1975) that the "best" positioning of the 
electrodes in the larynx varies among instruments from different manufacturers. To 
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reduce the resistive component of the electrode-to-neck impedance, it has been 
suggested that the electrodes and the skin should be cleaned, a layer of conductive 
paste being also recommended (Colton & Conture, 1990). A simpler approach is the 
use of saline (Frøkyaer-Jensen, 1996). Rothenberg and Mahshie (1988, p.  338) have 
pointed out that the use of a conductive paste may also help in case of facial hair. 
Figure 3.1 also shows that the amplitude of the EGG signal is dynamically 
controlled by an AGC circuit. The feedback loop could also actuate on the amplitude 
of the carrier, as has been mentioned elsewhere (Rothenberg & Mahshie, 1988). This 
variable and to some extent unpredictable carrier amplitude implies that no absolute 
measure of translaryngeal impedance can be obtained from this instrument. 
The bandwidth of the EGG signal, indicated by the bandpass filter in Figure 
3. 1, is approximately 0-10 kHz in commercial devices (Baken, 1987). A highpass 
cutoff frequency at 10-25 Hz is often available to reduce slow EGG components 
caused by such factors as the change in the vertical position of the larynx or 
movement of the electrodes (Baken, 1987; Colton & Conture, 1990). These slow 
components can affect F0 estimation and related measures (Vieira, McInnes & Jack, 
1996) leading sometimes to saturation (clipping) of the signal. 
3.2.2 EGG signal and dynamic vocal fold contact area 
A typical EGG signal is shown in Figure 3.2, where the signal amplitude increases 
with increasing vocal fold contact (i.e., the EGG is representing the admittance 
l/ZAB). The use of an "inverted" waveform, representing the electrical impedance, is 
preferred by some authors, especially when the EGG signal is displayed along with 
the transglottal airflow, since these waveforms bear some similarities (see, e.g., Bless 
etal., 1992). 
The vocal contact corresponding to some points of the EGG waveform over 
one vibratory cycle is indicated by coronal sections of the vocal folds in Figure 3.2. 
The time interval between the labels 1 and 2 41,2) is the closing phase. The closed 
phase 424), the opening phase 44,5), and the open phase (t5,1) are similarly defined. 
Notice the fast rise in the signal intensity during the closing phase of the glottal 
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Figure 3.2. EGG waveform. Schematic representation of a typical waveform 
(modal voice, healthy larynx) and corresponding coronal sections of the vocal 
folds. (1) first sub glottal contact; (2) increasing vertical contact; (3) maximum 
contact and medial pressure; (4) sub glottal separation of the folds; (5) separation 
of the upper rim of the folds; (6) sub glottal approximation. The arrow near label 
"4" points to the so called "knee" of the waveform. Composed with drawings of 
the vocal folds by Wendler (1993). 
period. As mentioned in the previous chapter, the opening movement of the folds in 
healthy larynges is slower than the closing movement. The increase in vocal contact 
leads to a plateau (closed phase) in the waveform. This is also reflected in the slower 
opening phase of the EGG signal. 
In the open phase, the waveshape is almost flat, and the slow rise in the 
electroglottogram may be interpreted as a rise in the translaryngeal admittance due to 
an increased capacitance associated with the approximation of the vocal folds. 
However, as Baken (1987, p.  222) pointed out, "the open phase [of the EGG signal] 
should be interpreted with extreme caution." It has been demonstrated by Fant and 
colleagues (1966) and by Rothenberg and Mahshie (1988) that the automatic gain 
control has a highpass characteristic that may distort the EGG open phase. It is also 
likely that other laryngeal movements may be more significant factors during the open 
phase, considering that the variation in the amplitude of the carrier due to vocal fold 
contact is only 0.1-0.5% (Rothenberg, 1992). 
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There is a consensus that the amplitude of the (highpass filtered) EGG signal 
represents mostly the dynamics of the vocal fold contact area (Bless et al., 1992). A 
zero voltage in the output of the instrument indicates, thus, that the contact area is 
not changing. Fully adducted vocal folds (e.g., in an effort closure gesture) would 
also cause zero output level in the EGG signal. 
The relationships between EGG signals and vocal contact area have been 
studied theoretically by Childers and co-workers (1986) and by Titze (1984, 1989b). 
Some considerations on the study of Childers and colleagues will be given in section 
3.2.3. The study of Titze (1989b) describes a modification of his earlier vocal fold 
contact model (Titze, 1984), allowing the control of the glottal shape by means of 
four parameters related to pre-phonatory (static) and phonatory (dynamic) states of 
the folds. The parameters were (1) an "abduction" quotient defining a pre-phonatory 
glottal gap; (2) a "shape" quotient establishing a pre-phonatory difference between 
the displacements of the inferior and superior edges of the folds; (3) a "bulging" 
quotient representing the amount of pre-phonatory medial bulging; and finally (4) a 
"phase" quotient, related to the (dynamic) vertical phase delay, expressed as the ratio 
of the glottal depth to the mucosal-wave wavelength. The vocal folds were modelled 
as a stretched ribbon fixed at the extremities but allowed to bend and flex in the 
vertical dimension, accounting thus for the vertical phase difference. Realistic EGG-
like waveforms, representing vocal fold contact area, were simulated. The author 
emphasised (p. 199) that the asymmetry in the opening and closing phases of the 
signal "is a combination of convergence and phase delay (sic). Neither parameter 
alone can cause it." He also pointed out that the "knee" (see Figure 3.2) in the 
contact waveform may be caused by increased medial surface bulging. 
Experimental investigations using excised canine larynges (Scherer, Druker & 
Titze, 1988) partially confirmed that the relationship between EGG signal and vocal 
contact area is linear. This linearity has been also suggested by a simple experimental 
simulation that revealed an almost uniform density of electric field lines between the 
electrodes (Titze, 1990). In this study, the electrodes were positioned in a tank, an 
electrolyte solution simulated the neck conductivity, and a non-conducting acrylic 
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wedge simulated an open glottis. As observed by the authors of these studies, though, 
the whole neck structure has not been realistically simulated in the experiments and 
the assumption of a linear relationship between EGG signal and vocal contact needs 
further evidences. 
Another biomechanical correlate of the EGG signal appears to be the 
longitudinal length of vocal contact, which has been shown to be proportional to the 
signal intensity (Krishnamurthy, 1983). This relationship, not valid for the open phase 
of the normal larynges studied, has been demonstrated by using synchronised EGG 
signals and high speed laryngeal films. 
It is widely agreed (Bless et al., 1992) that the EGG signal may reflect not 
only vocal contact but also other movements in the neck. These movements are 
assumed to be "slow" compared to the fundamental frequency and may cause a 
fluctuation in the EGG baseline (Figure 3.3) depending on the lower cutoff frequency 
of the instrument. As summarised by Baken (1987) and Colton and Conture (1990), 
possible sources of baseline drift include (1) vertical movements of the larynx; 
(2) movements of the head; (3) movements of other neck structures (e.g., pharyngeal 
walls, ventricular folds, base of the tongue); and (4) movement of the electrodes in 
the neck. Colton and Conture have also pointed out that the device can pick-up noise 
from the electrical power system (50/60 Hz and harmonics), which can fall in the F0 
range. 
Having presented the principles of electroglottography, the typical waveform 
in modal voice, and some of the problems associated with the technique, the next 
Figure 3.3. Baseline fluctuation. Notice also the clipping in some of the initial 
cycles 
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section will address the effects of phonatory settings and voice disorders on the EGG 
signal. 
3.2.3 EGG signal, ptionatory settings, and voice disorders 
For the purpose of comparison, a normal EGG waveform is presented in 
Figure 3.4a, while Figure 3.4b shows an abnormal waveform recorded from an adult 
male suffering from mutational dysphonia. In such cases, the voice is characterised by 
a high F0, typically in the female range. This patient, whose larynx failed to develop 
completely during the puberty, had an speaking F 0 of approximately 212 Hz. 
There are two main aspects to be pointed out in Figure 3.4b. First, the patient 
spoke in falsetto and this is partially indicated by a sinusoidal-like EGG waveform in 
most of the cycles. In falsetto, the vocal folds may not touch and the airflow seems to 
be modulated only by the cyclic approximation of the folds. The capacitive effect of 
the approximation seems to be picked-up by the electrolaryngograph. The lack of a 
complete glottal closure during phonation can be verified in Figure 3.4d, where the 
I 	 I 	 I 	 I 
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(c) 	 10 ms/div 	(d 
Figure 3.4. EGG signal and falsetto. (a) Electroglotrogram in modal voice (la! 
vowel) "mns/div" stands for milliseconds per horizontal (time) division; 
(b) Elecrroglotrogram in falsetto (Ial vowel) from a patient with mutational 
dvsphonia; (c) EGG signal (solid line) and acoustic signal (dotted line) from the 
same patient; (d) stroboscopic framne showing the maximum glottal closure; notice 
the longitudinal chink. 
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maximum closure in a stroboscopic sequence is presented. A longitudinal chink is 
clearly seen and the arytenoids, especially in the patient's right side, seem to be 
forcing the folds in the posterior direction, compensating the pull of the CT muscle. 
The second relevant aspect in Figure 3.4b is the occurrence of "spikes" in 
some glottal cycles. The spikes appear to have been caused by short vocal fold 
contacts, increasing the level of airflow modulation. This hypothesis is supported by 
Figure 3.4c, where the simultaneously recorded acoustic signal (dotted lines) exhibits 
an increased amplitude in response to these apparent contacts. A possibility that 
cannot be ruled out, but seems unlikely here, is that the spikes would indicate a drop 
in the impedance due to mucous bridges between the folds, as was described by 
Krishnamurthy (1983) and Childers and co-workers (1986). 
Another case of reduced medial contact, less evident than the previous 
example, is presented in Figure 3.5a. Notice the shortening of the closed phase and 
the long opening phase. This electroglottogram was taken from a patient suffering 
from a (recovering) paralysis of the left recurrent nerve, with possible limitation in the 
action of the (left) LCA muscle. This was suggested by endoscopic images  that 
indicated a difference in the vertical level of the folds during adduction. A frame of 
glottal closure is shown in Figure 3.5b, showing that the vocal process in the patient's 
left side is resting on top of the contralateral vocal process. This change in vertical 
position, which may not be easily seen in videoendoscopic images, was responsible 
I 	 I 	 I 	 I 	 I 	 I 
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Figure 3.5. Reduced medial contact. (a) electroglottogram (1w' vowel); 
(b) inaximum glottal closure. Note the superior level of the patient's left vocal 
process (arrow) caused, possibly, by a paralysis of the right superior laryngeal 
nerve (this not obvious mechanism will he discussed in a later chapter). 
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for the reduction in vocal contact. Reduced vocal contact (or no contact at all) is also 
common in cases of vocal fold bowing (due to, e.g., to vocal fatigue or ageing) and in 
other degrees of paralysis of the recurrent nerve. 
Data in Figure 3.6a and Figure 3.6b refer to a case of nodules. The 
elect roglottogram has a "notch" in the opening phase, as commonly seen in lesions of 
this sort (Neil, Wechsler & Robinson, 1977; Childers et al., 1986). With caution it can 
be said that the more a lesion like a nodule, polyp, or cyst, is located at the superior 
part of the folds and away from the glottal mid line, the less it will interfere with vocal 
contact and, therefore, the smaller will be the EGG notch. Childers and co-workers 
(1986) simulated the effect of nodules (and other factors) on the EGG. Their vocal 
contact model considered (1) the vertical phase difference, (2) the angle in the 
transverse plane at which the vocal folds close and separate, and (3) a phase 
difference, observed in high speed films, along the length of the folds. This 
I 	 I 	 I 	 I 	 I 






Figure 3.6. Notches in the EGG signal. (a) electroglottogram (/a/ vowel) from a 
patient with nodules, seen in (b); notice the mucous bridge between the folds 
(arrow). (c) simulated effect of the size of a nodule on the EGG, where the contact 
area increases from 0.5% to 5%. The arrows indicate abnormalities caused 
apparently by imperfections in the model. (d) simulated effect of the position of a 
nodule (modelled as an increase of 5% in the contact area). The position of the 
nodule, represented as a fraction of the fold's longitudinal length L, is measured 
from the vocal process. (Figures "c" and "d" were adapted from Childers et al., 
1986). 
(b) 
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longitudinal phase difference was described as a "zipperlike" movement that closes 
the glottis in the anterior-posterior direction and opens it in the opposite direction. 
Simulations indicated that the larger the lesion, the larger the notch (Figure 3.6c), as 
might be expected, and that the closer the simulated nodule was to the anterior 
commissure the later the notch appeared at the opening phase (Figure 3.6d). While 
this study provides interesting guidelines, it remains to be validated with real (i.e., 
non-simulated) data. One factor that may complicate this analysis is the possible 
existence of mucous bridges (Figure 3.6b), since they continue providing a path of 
high electrical conductance despite the glottal opening and may distort the EGG 
(Krishnamurthy, 1983; Childers et al., 1986). Finally, the irregularities (indicated by 
arrows in Figure 3.6c) in the beginning of the closing phase of the electroglottogranis 
simulated by Childers and co-workers (1986) were also present in their simulations of 
non-dysphonic larynges. Such irregularities apparently indicate an imprecision of their 
vocal contact model. They have been seen in the data used for the present study only 
in connection with certain lesions, as will be discussed later. 
Figure 3.7 shows the effects of a Reinke's oedema on the EGG signal. As 
stated in Chapter 2, the disorder is characterised by a marked increase in the mass of 
the folds due to oedematous fluid being accumulated into the Reinke's space. This 
increases the mucosal wave which becomes irregular, as suggested by the 
electroglottogram in Figure 3.7a. This figure also shows the corresponding acoustic 
waveform (dotted lines), where marked cycle-to-cycle amplitude changes (shimmer) 
Figure 3.7. Effects of a Reinke 's Oedema on the EGG signal. (a) irregular 
elect roglotto grain (solid line) and acoustic signal (dotted lines) in the /a/ vowel. 
(b) videoendoscopic image. 
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are clear. Excessive shimmer (and possibly jitter), combined with a drop in F 0 , lead to 
a characteristic deep and harsh voice. The data in Figure 3.7 refer to a female patient 
whose F0 was approximately 155 Hz. Irregular EGG waveforms of this type have 
been also observed in patients with large polyps and, sometimes, papillomas. 
The electroglottogranis and the endoscopic image shown in Figure 3.8 were 
taken from a male patient suffering from a polyp located at the anterior-inferior part 
of the right vocal fold (Figure 3.8c). Videoendoscopic images were misty but the 
lesion could still be seen. The electroglottogram in Figure 3.8a shows that the polyp 
affected the EGG signal in almost all phases of the glottal cycle because it apparently 
interfered with the vocal contact both vertically and longitudinally. Notice the hump 
in the open phase (detail 1 in Figure 3.8a) and the abnormality in the beginning of the 
closing phase (detail 2 in Figure 3.8a). Small abnormalities in the beginning of the 
EGG closing phase can be important indications of small sub glottal lesions that may 
not he easily detected in videostroboscopic examinations. 
The electroglo tto gram in Figure 3.8b was taken when the patient was 
sustaining a high-pitched vowel, which sounded also creaky. The use of high-pitched 
vowels can be particularly useful to detect minor lesions in the edge of the folds. A 
(b) 	 5 ms/div 
Figure 3.8. Effects of a polyp located at the anterior part 
• 	
.. 	 of the fold. (a) elect roglotro gram (solid lines) and 
acoustic signal (dotted lines) in a low-pitched voice ( 120 
	
. 	Hz, /a/ vowel). (b) the sane, in a high-pitched (and 
.j creaky) voice. It was difficult to estimate F0 in this case. 
(c) videoendoscopic image. This picture has a poorer 
quality, but the polyp can still be identified. 
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prominent aspect of the electroglottogram in Figure 3.8b is the occurrence of 
contacts (indicated by the numbers 1-4) that were irregular in amplitude and time, 
causing marked excitations to the oral tract, as seen in the acoustic signal (dotted 
lines). A more detailed observation of the acoustic and EGG waveforms between 
these major contacts (e.g., between contacts "3" and "4" in Figure 3.8b) suggests that 
the folds were somehow vibrating in a higher frequency. It appears that only a short 
length of the folds, most likely the mid third, was allowed to vibrate in this higher 
frequency. The folds did not touch each other and the EGG oscillations seem to 
reflect a capacitive coupling. 
In this section, a number of cases were discussed to illustrate general 
relationships between the EGG signal, vocal fold vibration, vocal settings, and 
lesions. The analysis presented here should be seen as ad hoc interpretations and 
caution should be taken when extending these observations to other cases. Methods 
for objective characterisation of EGG waveforms will be presented in later sections of 
the chapter, after the forthcoming description of the data collection procedures and 
signal pre-conditioning methods used in this research. 
3.3 SIGNAL ACQUISITION AND CONDITIONING 
3.3.1 EGG equipment specifications 
EGG waveforms used in this study, like the electroglottograms presented before, 
were provided by a Portable Electro-Laryngograph (Laryngograph Ltd., London). 
This instrument is battery-operated, which gives a certain immunity to electrical noise. 
The signal is applied by means of two electrodes placed on the surface of the patient's 
neck at the level of the thyroid cartilage by means of elastic straps. This device uses a 
carrier frequency of 4 MHz, having also an automatic gain control and a manual 
adjust of the level of the output signal. The signal bandwidth is limited from 10 Hz to 
5,000 Hz, subject to a passband fluctuation of± 0.5 dB. 
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Figure 3.9. EGG and acoustic recording set-up. The output of the instrument 
(Portable Electro-Larvngograph) and the acoustic signals were recorded 
simultaneously with a Sony 55 ES DAT recorder. Oscilloscopes were used to 
monitor the signals during the recordings. The patient was seated in an isolated 
booth (Amplivox-Burgess Audiometer Booth), the acoustic signal being picked-up 
by a Shure SMJOA microphone (mic.) and amplified to line level by a Shure SM]] 
pre-amplifier (pre-amp.). 
3.3.2 Recording system and procedures 
The EGG recording set-up is shown schematically in Figure 3.9. This diagram also 
presents details concerning the acquisition of the simultaneously recorded acoustic 
signal. The patients were seated in a sound proof booth (Amplivox-Burgess 
Audiometer Booth) and the phonatory tasks were demonstrated, according to the 
protocol shown in Appendix A2. The booth is not necessary for EGG recordings but 
provided high quality audio signals. During the recording session, the author 
communicated with the patients using a simple intercom (not indicated in Figure 3.9). 
As an initial procedure, patients were asked to take off metallic necklaces, 
because it was observed that they introduce significant noise in the signal. An 
adequate electrode position for each individual was determined after some trial. This 
was done by asking the patient to hum or sustain a vowel while the electrodes were 
adjusted in the neck and the electroglottogram was simultaneously monitored in one 
of the oscilloscopes. In a satisfactory electrode position, the EGG signal amplitude 
was maximised and no artifactual waveform distortion was apparent. The 
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instrument's output level control was also adjusted during this initial procedure. The 
electrodes were then kept in position with an elastic strap. 
During the recordings, the EGG waveshape was continuously monitored and 
other procedures included: 
Asking the patients to press the electrodes to the neck with their fingers, 
in case of weak signals. Notice that the fingers represent a fixed 
conductance path that is not reflected in the highpass filtered signal. This 
procedure has been suggested by Colton and Conture (1990); 
Asking the patients to cough, when abnormalities appeared in the shape 
of the electroglottogram during the course of recordings. When the 
abnormality was being caused by mucus, coughing often cleaned up the 
vocal folds and the abnormality disappeared. Otherwise, the position of 
the electrodes was checked again; 
Asking the patient to produce a louder voice, in case of a "weak" signal. 
In voice disorders with poor vocal contact (e.g., paralysis, bowing) or 
caused by inadequate breath support (e.g., asthma), this procedure led 
sometimes to an improved contact for at least the initial 2 or 3 seconds of 
the utterance. 
The EGG signal was fed into one of the channels (line input) of a Sony 55 ES 
digital audio tape recorder (DAT), being digitised at 48,000 samples per second, 16 
bits per sample. The RMS (root mean squared) recording level, as read in the DAT 
display, was kept between -20 and -12 dB to reduce clippings caused by baseline 
fluctuations. In sustained vowels, provided that there was no vibrato or vocal tremor, 
this level could be raised to approximately -6 dB. 
Subsequently, the recordings were played back and the analogue outputs of 
the DAT were redigitised with a Sound Blaster 16 audio card at 22,050 samples per 
second, 16 bits per sample. Recognising that extra A/D (analogue-to-digital) and D/A 
conversions can degenerate the signals' quality, it is also pointed out that a similar 
procedure has been considered equivalent to direct sampling by computers in a 
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comparative assessment of data acquisition methods (Doherty & Shipp, 1988). This 
study supports current recommendations for data acquisition systems, as summarised 
by Titze (1995). 
The lower cutoff frequency (10 Hz) of the EGG instrument was inadequate to 
successfully remove baseline fluctuations. The minimisation of this artifact was 
accomplished by passing the recordings through a digital bandpass filter, as will be 
described next. 
3.3.3 Zero phase-shift bandpass filtering 
Bandpass filtering (60-5,000 Hz) was used to remove possible low-frequency baseline 
drift, 50 Hz hum, as well as noise from the 5,000 Hz upper frequency of the Electro-
Laryngograph up to the Nyquist frequency (i.e., 11,025 Hz). The lower cutoff 
frequency (-3 dB) was arbitrarily fixed at 60 Hz, a value that is above the frequency 
of the British electrical power system (50 Hz) and adequate for deep male voices. 
Since relevant information is carried in the shape of the electroglottogram, 
filter-induced distortions must be avoided. These distortions can result, for example, 
from a non-linear phase response, a poor transient response, or ripple in the filter 
passband (Kuo, 1966). A possible way of avoiding phase distortions is the use of FIR 
(Finite Impulse Response) filters with exact linear phase. 
A well known property of FIR filters (Oppenheim & Schafer, 1975, pp.  237-
239) shows that the phase response of a filter of order N and coefficients h(n) is 
e °1''2 [i.e., linear and proportional to (N-1)/2] when the coefficients are 
symmetric in relation to the centre of the impulse response, that is, h(n) = h(N-n-1), 
0 :~ n <N. This approach has been applied to EGG signals (Krishnamurthy, 1983; 
Eady et al., 1992) but it has certain disadvantages. In particular, (1) there is ripple in 
the passband; (2) the order of adequate FIR filters is relatively high  ;2  and (3) there is a 
long time shift in the filtered signal, although the correction of this time delay to keep 
the synchrony between acoustic and EGG signals would be simple. 
2 Krishnamurthy (1983, PP.  198-199) used a filter of 351 taps to achieve an attenuation larger than 
60 dB in the 60-4,600 Hz (approximate) band. 
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It is worth mentioning that there is an intrinsic delay of approximately 0.6 ms 
between acoustic and "simultaneous" EGG recordings because acoustic waves are 
slower than the electrical EGG signals. This delay corresponds roughly to the time 
required for acoustic waves (speed = 340 m/s) to propagate from the larynx until the 
microphone, assuming a total distance of = 21 cm [corresponding to a 17-cm long 
vocal tract (Flanagan, 1972; p.  24) and a 4-cm microphone-to- mouth distance]. 
An alternative approach to remove the baseline drift based on recursive filters 
was adopted here. The method, proposed by Kormylo and Jain (1974), is shown in 
Figure 3.10 and involves two consecutive filtering-and-time-inversion procedures to 
achieve zero phase-shift and zero time-delay. As shown in this figure, the output 
signal y(n) does not depend on the phase response of the filter H(z) because the 
distortion introduced in the first pass is exactly compensated during the second pass, 
which processes the file in the reverse time direction. The procedure is obviously non-
causal and is not suitable for real time processing. However, because the order of a 
recursive filter is significantly smaller than the order of an equivalent FIR filter 
(Rabiner et al., 1974) and the time inversion of a file is a simple multiplication-free 
operation, the two-pass filtering offers a reduction in the processing time (compared 




Figure 3.10. Recursive filtering with zero phase 
shift. The right hand side indicates the steps in 
X(z1)H(z') 	the frequency domain. The input sequence x, 1 is 
I 	filtered by the generic filter H(z), where 
z = exp(j0), and 0 is the normalised angular 
-1 X(z )1H(z)I 2  frequency (i.e., (o = 2irf/Fs, where Fs is the 
I 	sampling frequency and 0 _:!~/f/ < F512); the 
output is time-reversed by the blocks "-n" and 
4' 	the procedure is repeated, resulting in an output 
X(z)1 H(z) 12 	that is independent of the phase response of the 
filter H(z). 
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Figure 3.11. Removal of baseline drift. (a) Low frequency response (left) and 
high frequency response (right) of the bandpass filter. Figure continues. 
filtering method can be also implemented in "quasi real time" by processing small 
blocks of data with an overlap between consecutive blocks to compensate transient 
effects (Czarnach, 1982). In the implemented version of the method, though, each file 
was processed as a single block, restricting the transients to short segments (= 30-ms 
long) in the beginning and end of the recordings. The specifications of the filter H(z) 
are discussed below. 
To achieve low distortion in the passband, Elliptic and Chebyshev-I filters 
were excluded from the choice. Chebyshev-I filters are monotonic in the rejection 
band with ripple in the passband. Chebyshev-II filters, on the other hand, have a 
monotonic passband with ripple in the rejection band (see details on filter design, e.g., 
in Oppenheim & Schafer, 1975, pp.  195-283; and Kuo, 1966, pp.  365-412). 
Remaining options were Chebyshev-II, Butterworth, or Bessel filters, all monotonic 
in the passband. Bessel filters have a very modest roll-off and would not satisfy the 
sharp cutoff needed around 60 Hz. Notice also that although analogue Bessel filters 
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(b) 
Figure 3.11 (continued). (b) Filtered signal (solid line) after removal of baseline 
drift from the original electroglottogram (dotted line). 
have a linear phase response, this linearity is destroyed by the bilinear transformation.' 
The final choice was made in favour of Chebyshev-II filter because the order of such 
filter is equal to or less than the order of an equivalent Butterworth filter, as is well 
known (e.g., Oppenheim & Schafer, 1975). 
A Chebyshev-II filter (Figure 3.11 a)  with minimum attenuation of 45 dB in 
the rejection bands was used as H(z) in the two-pass filtering method, providing a 
total rejection above 90 dB. This level of attenuation will be justified in a subsequent 
section. The filter was synthesised using the Student Edition of Matlab Version 4 
(Math Works, Massachusetts) and was run in C code, using double precision, being 
implemented in the so called "Direct Form I" (Oppenheim & Schafer, 1975, p.  149); 
more details and the filter coefficients are given in Appendix B 1. The second part of 
Figure 3.11 gives an example of a filtered waveform. Notice that the baseline drift has 
The bilinear transformation is the usual method for designing recursive digital filters from known 
analogue transfer functions, yielding stable digital filters from stable analogue filters. In this design 
technique, s-domain transfer functions are mapped into z-domain expressions in z' (n is a positive 
integer), allowing thus recursions in the time-domain (see, e.g., Oppenheim & Schafer, 1975, pp. 
206-211, for details). Having in mind that z = e 1', by definition (where T is the sampling interval), 
the bilinear transformation can be seen as a truncated Taylor series for the relationship 
s =(lIT) ln(z), that is: 
/ 	)2n +1 —I I2 	1 1-z' 	2 1-zS=-. p - 1(lzI>0) 	T 	2n+l 	i+z-' 	T 1+z 
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been removed, the EGG shape has been maintained, and there is no delay between the 
original and filtered waveforms. 
Having detailed the EGG signal preconditioning method, the next section will 
describe an algorithm developed for F 0 tracking in bandpass filtered EGG signals. 
3.4 F0 TRACKING IN EGG SIGNALS 
3.4.1 Relevance of zero crossings 
Since most relevant information carried by the EGG signal is encoded in the wave 
shape, time-domain analysis seems more appropriate than analysis in other 
transformed domains. Provided that the recorded signals are adequate (i.e., not 
affected by the artifacts mentioned before), a precise delimitation of glottal cycles 
may be carried out automatically permitting, in a second step, the estimation of 
parameters related to morphological features of the signals. 
EGG signals have been extensively used for precise F 0 determination (Hess & 
Indefrey, 1987; Orlikoff & Baken, 1989; Schoentgen & Guchteneere, 1991; Fourcin 
et al., 1995). Period boundaries can be delimited, for example, by (1) peaks in the 
waveforms, (2) peaks in the differentiated EGG signal (DEGG), or (3) by level 
crossings. EGG peaks are the least recommended strategy because they are relatively 
broad being therefore less precisely identified. The other techniques mentioned above 
[158.4 HzJ 	 [169.1 HZ] 
DEGG 
EGG 
[166.4 Hz! 	 [166.3 Hzj 
2 ms/div 
Figure 3.12. Gross errors in F 0 estimation based on differentiated EGG 
signals (DEGG). The numbers in brackets are the F0 values associated to the 
indicated time interval. The amplitude of the DEGG was scaled to fit the 
figure. After Vieira, McInnes and Jack (1996). 
Chapter 3 - EGG Assessment of Voice Disorders 	 88 
exploit the closing phase, which is the fastest EGG event being, therefore, less 
affected by artifacts. 
Differentiation leads, desirably, to a single DEGG positive peak. Because 
highpass filtering is also a by-product of differentiation, there is no need for removing 
the EGG baseline drift beforehand. An F 0 tracking algorithm based on DEGG peak-
picking has been described by Hess and Indefrey (1987), who used a method for 
interpolating the peaks to achieve an accuracy greater than 0.5% in FO estimation 
from non-dysphonic speakers. This method is attractive but has limitations in 
dysphonic voices. As pointed out by Childers and colleagues (1990), even the DEGG 
from a non-dysphonic speaker may present noisy or multiple peaks. In particular, any 
inflection in the closing phase of the EGG may result in undesirable extra peaks in the 
DEGG, as shown in Figure 3.12. These problems are obviously aggravated in the 
pathological case due to noisy signals or abnormal waveforms. 
Up-going level crossing is another possible way of determining the boundaries 
of glottal periods. A simple approach would be the use of mid-level crossings, the 
crossing point being the mid-value between a negative peak and the following positive 
peak. This method also avoids a previous highpass filtering but may not be precise, 
since it relies on the use of peaks to define the crossing levels. Besides, the extraction 
of other waveform parameters (discussed in a subsequent section) would require 
baseline drift removal. 
The detection of zero crossings in a bandpass filtered EGG appears thus to be 
a more adequate strategy for delimiting the glottal periods in EGG signals from 
dysphonic speakers. Details on the implemented F0 detection algorithm will be given 
next. 
3.4.2 A precise F0 tracking algorithm 
Assuming that the EGG signal has been band-pass filtered as described in section 
3.3.3, a relatively simple F0 tracking algorithm was implemented. Instantaneous F 0 
values were defined as the inverse of the elapsed time between consecutive linearly 
interpolated up-going zero crossings. Fundamental frequency estimates were 





Figure 3.13. F0 detection algorithm. Representation of some steps of the 
algorithm (see text for details). After Vieira, McInnes, and Jack (1996). 
restricted to 50-500 Hz, a range assumed to be adequate for the speaking voices of 
the (adult) subjects used in this research. 
The algorithm may be explained as follows (see also Figure 3.13): 
1. Take a new EGG sample x(n) and verify whether it is a negative 
significant peak (SP). A negative significant peak was defmed as the 
smallest sample in a 1-ms interval, positive significant peaks being 
similarly defmed. The absolute value of a significant peak should also be 
larger than dynamic thresholds described later. 
2. If a SK has been found, search for a positive significant peak (SP) 
within 40 ms of the SP. The 40 ms was an arbitrary limit to avoid 
unnecessary long searches; else , start a new search (step 1); 
3. If a SP has been found, search for a unique up-going zero 
crossing between SP_ and SP and interpolate the zero crossing 
instant linearly; else start a new search (step 1); 
4. If there is no previous zero crossing, keep the zero crossing 
found in the current iteration and start another search (step 
1); else (two zero crossings have been found so far), 
estimate the candidate F0 ; 
5. If the candidate F0 is invalid (i.e., outside the 50-500 Hz 
range), keep the zero crossing determined in the current 
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iteration and start another search (step 1); else (i) write 
the accepted F0 to a file, (ii) keep the zero crossing found 
in this iteration, (iii) mark the significant points (i.e., SP 
and SP) as significant points used for the demarcation of 
zero crossings (SP and SPX),  (iv) update the dynamic 
threshold for the significant peaks (Equation lb, below), 
and finally (v) start a new search (step 1). 
For each successfully detected F 0 value, an "output" (i.e., a co-ordinate pair 
"time, F0") was written to a file. The time co-ordinate was the instant of the 
corresponding rightmost zero crossing. Phonatory breaks were indicated by a certain 
mark (-1 -1) written before a new output whenever the corresponding leftmost zero 
crossing was different from the time co-ordinate (rightmost zero crossing) of the 
previous output. In this way, the length of unvoiced intervals could be estimated as 
the difference between the time instants after and before the "-1 -1" marks. 
To cope with EGG amplitude fluctuations during a patient's utterance or 
among different subjects, the SPs (and, similarly, SP-s) had also to be above a 
positive threshold, as mentioned above. These thresholds were empirically adjusted at 
15% of a moving average of the SPs actually used for delimiting zero crossings (SP" 
or SP). Exemplifying, for positive samples: 
SP = jx(n).. x(n)> x(i) Vi [n--,n+-] and x(n) > 0.15.SP < (n)}, 	(3.1a) 
where L is an integer corresponding to 1 ms and the dynamic threshold is given by 
SP+X(n+l)=O.8.SP(n)+O.2.Sp<(n). 	 (3.1b) 
The initial value SP (0) = 120 was empirically adjusted according to the noise level 
during the silent intervals. 
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Figure 3.14. Examples of F0 contours. Top parts are the corresponding 
electroglotto grams. (a) F0 tracking at the end of phonation; the "ticks" in this F0 
contour indicate zero crossings. (b) a phonatory glide. 
Examples of F0 contours extracted with the described algorithm are presented 
in Figure 3.14. The calibration of the algorithm with synthetic EGG signals is 
described in the next section. 
3.4.3 Calibration with synthesised stimuli 
An algorithm was implemented to synthesise EGG-like signals. The EGG waveform 
model is shown in Figure 3.15 and is similar to a model proposed by Childers and co-
workers (1986). The only difference is that a single line is being used here to model 
the closing phase, as suggested by most of the waveforms recorded in this research. 
Notice that the opening phase has been divided into two parts (C, D), the first part 
(C) being identical in duration to the closed phase (B) for computational simplicity. 
The synthesiser allowed the specification of the amplitudes (P, N), the fundamental 
period (T), the contact quotient [(T—E)/T], a normalised closing phase (A/T) and, 
similarly, the second part of the opening phase (D/T). The slope of the line between B 
and C was defmed as -PI(B+C). The other parameters could be obtained from these 
specifications. 






Figure 3.15. Model for synthetic EGG waveform. "P" and "N" are the 
maximum and minimum (negative) amplitudes. A = closing phase, B = closed 
phase, C = opening phase ("part I", B = C for simplicity), D = opening phase 
("part II"), E = open phase, T= fundamental period (1/F0). The "contact 
quotient" was defined as: CQ = (T—E)/T. 
Two sets of test signals (eight files in all) were created to simulate "weak" and 
"strong" EGG recordings. In each set, the signals represented a deep male voice (F 0 
= 70 Hz), mean-pitched male and female voices (120 and 220 Hz, respectively), and a 
high-pitched female voice (440 Hz). The parameters of the synthetic signals, chosen 
to approximate values observed in recordings from normal larynges, were (a) contact 
quotient: 50%; (b) normalised closing phase and opening phase (part 2): 4% and 
17%, respectively; and (c) positive and negative peak values: +8,000 and -6,000 
units, respectively, in "weak" EGG signals, and +16,000 and -12,000 units, 
respectively, in "strong" signals. 
Each of these eight files was 3 seconds long, so that more than 200 glottal 
cycles were included in the stimulus. It has been suggested that approximately 190 
cycles may be required before making measures of cycle-to-cycle perturbation 
asymptote in speakers with moderate levels of hoarseness (Karnell, 1991). About 100 
cycles have been suggested by Scherer, Vail, and Guo (1995) for non-dysphonic 
speakers. 
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To simulate baseline fluctuations, a file was created by concatenating extracts 
of silent segments affected by baseline drifts, taken from recordings of various 
patients. This file was added to the eight synthetic signals and the so created signals 
were passed through the pre-conditioning procedure (two-pass filtering). Examples of 
synthetic EGGs are given in Figure 3.16. It is worth saying that although baseline 
drifts like that simulated in Figure 3.16a are less common in sustained vowels, they 
can still occur, especially due to vibrato, as shown in Figure 3.17. 
To assess errors introduced by the pre-conditioning method, the eight non-
corrupted files were passed through the filtering procedure. The F 0 contour and the 
amount of jitter in each "filtered-only" file was estimated and compared with the 
values in the non-filtered files. Errors (c) affecting F 0 were expressed as mean 
absolute normalised differences, that is, 
N  1F0(i)—F0(i)I 
xl00%, 	 (3.2) 





Figure 3.16. Synthetic EGG signals. (a) Synthetic signal corrupted by (non-
synthetic) baseline drift. (b) Cycles of the original non-corrupted EGG signal 
(dashed lines) and the corresponding signal after the baseline fluctuation has 
been added and subsequently filtered. The oscillations in the filtered EGG were 
caused by inband noise in the signal with baseline drift. 





Figure 3.17. Baseline drift caused by vibrato. EGG signal (top) and F0 contour 
after filtering the EGG (bottom). Vibrato is a regular F0 variation of = 5 Hz 
(=1/200 ms) produced by singers. An irregular vocal tremor in the 3.8-7.5 Hz 
range can also be caused by neurological disorders (Ludlow et al., 1986). 
where F0 (i) is the fundamental frequency of the ith cycle in the filtered signal, F 0 is 
the corresponding value in the clean signal, and N is the total number of cycles. 
Artifactual jitter was also evaluated. Jitter was measured according to the so-
called first order perturbation factor (Titze & Liang, 1993): 
1 N-i 1F0(i+l)-F0(i)I xl00%, 
	 (3.3) PF1= 
N 	i=I 0.5. [FO  (i+1)+F0 (i)] 
where Fo(i) is the estimated fundamental frequency for the ith glottal cycle and N is 
the total number of cycles in each file. Errors in F0 estimation and jitter values 
obtained from the filtered EGG signals were less than 0.006% and 0.01% in the 
"weak" and "strong" signals. Artifacts caused by the pre-conditioning procedure 
were considered, therefore, negligible. 
To evaluate the effects of baseline fluctuation, the eight files corrupted by this 
problem were filtered, producing "corrupted-and-filtered" signals. Errors in F 0 
estimation and the level of jitter were determined by using the procedures described 
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70 Hz 120 Hz 220 Hz 440 Hz Mean 
Weak EGG 
F- (%) 	0.061 	0.062 	0.047 	0.061 	0.058 
PF1(%) 0.10 0.11 0.08 0.10 0.10 
Strong EGG 
E (%) 	0.028 	0.022 	0.019 	0.022 	0.023 
PF1 (%) 0.04 0.04 0.03 0.03 0.04 
Table 3.1. Calibration with synthetic signals and baseline drift. "Weak" EGG 
signals had amplitudes between -6000 and 8000 units, these values being doubled 
in the "strong" EGG signals. The errors in F0 estimation (e) and the measure of 
jitter (PFJ) are defined in Equations 3.2 and 3.3, respectively. 
above (Equations 3.2 and 3.3), the results being presented in Table 3.1. As might be 
expected, the errors in the "strong" signals were smaller. Interestingly, the errors had 
little dependence with F0 (for a fixed signal amplitude). For the sake of reference, 
Orlikoff (1995) reported jitter values for non-dysphonic speakers that can be 
converted to the 0.34-1.36% range. 4 Data in Table 3.1 suggest that measures from 
"weak" signals can have artifactual components (i.e., 0.1%) that may be significant 
compared to the lower end (0.34%) of the expected range in normal speakers. 
Having evaluated the preconditioning method and the F 0 detector algorithm 
with synthetic signals, a pilot study with real recordings is presented next. 
3.4.4 Evaluation with real recordings 
Recordings from 15 patients (7 males, 8 females) reading the "Traveller and the Dog" 
story (Appendix A2) were taken from the database. Connected speech was used as 
stimuli in order to assess the voicing detection performance of the algorithm. In the 
selected cases, various pathologies and age groups were included, as summarised in 
"These values correspond to the minimum and maximum values of the average over all values in the 
cited study. Jitter was expressed in milliseconds by Orlikoff (1995), being converted to percentages 
by normalising the original values to the corresponding mean fundamental periods. 
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CODE 	DIAGNOSIS 	AGE 
Fl Functional dysphonia 55 
F2 Muscular dystonia 31 
F3 Presbyphonia (bowing) 82 
F4 Unilateral paralysis 49 
F5 Polyp 71 
F6 Reinke's oedema 45 
F7 Nodules 33 
F8 Normal 40 
Ml Laryngitis 59 
M2 Cancer 64 
M3 Polyp 38 
M4 Papillomas 31 
M5 Mutational dysphonia 29 
M6 Neoplasm 82 
M7 Unilateral paralysis 71 
Table 3.2. Assessment with 
real recordings. Subjects used 
in the study with corresponding 
pathology and age. "F" and 
"M" in the first columns stand 
for females and males, 
respectively. Children were 
rarely referred to the Voice 
Clinic during the research and 
no recording was available for 
the study. 
Table 3.2. The selected recordings totalled 4.46 minutes, with an average duration of 
17.82 s per reading (range: 13.18-28.88 s). In the lack of accepted objective criteria 
for the assessment of EGG signal quality, a recording was considered "adequate" 
when its amplitude was not poorer than the "weak" signals defined before. 
One of the purposes of this study was to assess the effects of baseline 
fluctuation on the precision of F 0 estimation and voicing detection. This was 
investigated by introducing known levels of attenuation in the rejection band of eight 
bandpass filters. These filters were similar to the filter in Figure 3.11 a  (p.  85) except 
that each filter had a different minimum attenuation in the rejection band. This 
attenuation ranged from 5-40 dB, in 5-dB steps. The filters with the attenuation of 5 
and 10 dB had also a smaller (8th) order. Strictly, the attenuation in the superior 
rejection band should have been the same for all filters in order to investigate the 
exclusive influence of the baseline drift. However, the energy at high frequencies is 
relatively small and was disregarded. Spectra of weak EGG signals during voiced 
speech showed that the noise was practically flat above 3,000 Hz, standing at 45 dB 
below the level of the fundamental frequency. 









(b) 	 10 ms/div 
Figure 3.18. Manual corrections in the reference F 0 
r contours. (a) Occasional cycles detected in noisy EGG at the end of phonation (data from patient F4, (b) 
Detected EGG signal without audio due, possibly, to 
the mechanical vibration of a polyp (c) affecting 
patient F5. Figures "a" and "b" after Vieira, McInnes, 
and Jack (1996). 
The 15 EGG recordings were processed (two-pass filtering) by the 8 filters. F 0 
contours were estimated from the filtered signals and compared with reference 
contours. The reference contours were manually corrected F0 trackings based on the 
signals of the 15 speakers processed by the 45-dB filter. The corrections were carried 
out by visually inspecting F0 plots, electroglottograms, and acoustic waveforms. Most 
corrections related to inexact F0 values estimated in the onset or offset of phonation. 
During the inspections, interesting situations ("dissociations") already 
mentioned in the literature (Lebrun & Hasquin-Deleval, 1971; Kitzing, Carlborg & 
Lofqvist, 1982) could be seen where (1) a clear audio signal is detected while the 
EGG trace fades, and (2) vice-versa. The former is illustrated in Figure 3.18a, taken 
from subject F4, who suffered from a unilateral paralysis. The electroglottogram 
suggests a possible tenuous vocal fold approximation, with no contact, but close 
enough to modulate the airflow and be picked-up capacitively. The latter is 
exemplified in Figure 3.18b, taken from a patient (F5) affected by a huge and flaccid 
polyp (Figure 3.18c). Videostroboscopic images suggested that the polyp could be 
muffling the airflow. In situations like these in Figure 3.18, the noisy or irregular 
EGG segments were marked as unvoiced in the reference contours. 
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Whenever an F0 estimate appeared to have been affected but the EGG signal 
was strong and the acoustic signal was voiced, the reference F 0 was marked as 
"imprecise" but the voicing decision was kept. A mean number of 1,443 cycles per 
recording (range: 820-2,645) was analysed, the mean percentage of imprecise values 
being 3.37% (range: 0.00-10.71%). 
A program was implemented to compare reference and test F 0 contours and 
determine errors according to well established criteria (Rabiner et al., 1976). The 
accumulated duration of the voiced-to-unvoiced (or silent) errors for each test 
contour was expressed as a percentage of the total duration of the utterance; 
unvoiced (or silent) -to-voiced errors were expressed in the same way. Regarding the 
precision of the estimates, each F0 value in a test contour was compared to the 
reference F0 value similarly to the previous Equation 3.2: 
	
N 	 i N F0(i)-F0(i)I 
=  - IA(i)I x 100 = 
- F0(i) 	
x 100%, 	 (3.4) 
N 1= 1 	 N 1= 1 
where i(i) is the ith (signed) normalised error, F 0 (i) is the ith fundamental frequency 
in the test file, Fo(i) is the corresponding reference value, and N is the total number of 
cycles in the test file. During the comparison, the errors were organised into three 
groups: fine errors (-1% :~ A :!~ +1%), low gross errors (z\ <-1%), and high gross 
errors (A > +1%). 
The dependence of the various errors on the attenuation is shown in Figure 
3.19 (p.  100). A minimum attenuation of 20 dB was required to stabilise voicing 
detection errors. Voiced-to-unvoiced errors (Figure 3.19a) were caused mainly by 
weak and noisy cycles, mostly in the onset or offset of phonation, rejected by the 
single zero crossing criterion of the F 0 tracking algorithm. Unvoiced-to-voiced errors 
(Figure 3.19b) had an apparent increase due to increasing attenuation. This increase in 
the errors between 0-20 dB is justified as follows: the observation of 
electroglottogranis and F0 contours revealed that when unvoiced EGG segments like 
those in Figure 3.18a were filtered with reduced attenuation, the displacement of the 
waveform away from the baseline resulted in correct unvoiced decisions. With 
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increased attenuation, some fragments occasionally fooled the F 0 detection algorithm 
leading to wrong voiced decisions. From Figure 3.19a-b, the accumulated voicing 
detection errors converged to approximately 3.4%. 
Gross errors also showed a marked reduction from 0-20 dB, decreasing 
slowly thereafter (Figure 3.19c-d). Values for the (non-corrected) 90-dB case are not 
shown in Figure 3. 19c-e because the values would be identical to the reference F 0 
values. A histogram of the gross errors is shown in Figure 3.19g. The low incidence 
of such errors (86) did not provide a more detailed distribution. Figure 3.19g reveals 
a certain concentration of errors around —60%. This suggests F 0 halvings (i.e., period 
doublings) caused possibly by occasional noisy zero crossings. The histogram shows 
no concentration around +100%, implying that F0 doublings (i.e., period halvings) 
were not significant. However, large errors were spread until 340%. A common cause 
of these high errors was a secondary "hump" in the electroglottogram (Figure 3.20, p. 
101) that occasionally crossed the mid line. In this figure, reference F 0 values of 127.2 
and 125.9 Hz were assigned to the instants 1 and 3, respectively, but the zero 
crossing at the instant 2 was not rejected by the F 0 detection algorithm in the test 
signal. This resulted in incorrect values of 296.2 Hz and 219.1 Hz at the instants 2 
and 3, respectively, causing two gross errors: 132.8% at instant 2 (compared to the 
reference F0 from instant 1), and 74.0% at instant 3 (compared to the reference F 0 
from instant 3). 
Fine errors are shown in Figure 3.19e, which plots the mean magnitude of the 
errors, instead of the percentage incidence of errors shown in other parts of Figure 
3.19. Fine errors had a marked drop when the attenuation increased from 0 to 30 dB, 
declining slowly until 50 dB, with a noticeable reduction from 50 to 70 dB. The 
performance of the filtering method with attenuations above 90 dB could not be 
investigated because numerical instabilities impeded the synthesis of filters with 
(required) orders above 12. The statistical distribution of fine errors is approximately 
symmetrical and is centred around zero, suggesting no estimation bias (Figure 3.190. 
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Figure 3.19. Assessment of the F 0 
detection algorithm with real EGG 
signals. The legend in (a), where F = 
females and M = males, also applies 
to figures b-e. The only apparent sex 
difference occurred in unvoiced-to-
voiced decisions, where the 
performance in the female group was 
affected by the subject F5. After 
Vieira, McInnes and Jack (1996). 





Figure 3.20. Common cause of high F0 errors. The zero crossing at instant 2 
resulted in two errors, namely 132.8% and 74.0%, relative to the intervals 1-2 
and 2-3, respectively. The other zero crossings were trapped by the single zero 
crossing criterion of the F0 detection algorithm (data from patient M6). After 
Vieira, McInnes, and Jack (1996). 
The cumulative distribution of fine errors indicated that 95.00% of the 
measures fell within the ±0.045% precision range. From the calibration procedures, 
the errors in the reference contours can be assumed to be less than 0.058%, based on 
the mean for weak EGG signals (Table 3. 1, p.95). In a pessimistic approach, this 
latter value should be incorporated into the ±0.045% range, so that the estimate of 
the errors in F0 measures becomes ±0.103% (0.045% + 0.058%). Remembering now 
that the reference contours included 96.63% (range: 100.00-89.29%) of all glottal 
cycles '5  it can be said that, on average 91.80% (range: 95.00-84.83%) of the 
estimated values fell within the ±0.103% precision range. The 91.8% figure (and, 
similarly, the associated range) comes from 0.9500x0.9663x100%. 
3.4.5 Summary 
A relatively simple but highly accurate algorithm for F 0 estimation in EGG 
signals has been described and evaluated with synthetic signals and real recordings 
from dysphonic subjects. Results indicated that (1) voicing detection errors stabilise 
after a 20-dB rejection of the baseline drift, (2) gross errors may require 
As said before, it was found that (on average) 3.37% of the cycles (range: 0.00-10.71%) were 
considered imprecise. 
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approximately 40 dB of rejection before they asymptote, while (3) at least 70 dB may 
be necessary for fine errors to asymptote. The remaining experiments in this research 
used 90 dB of attenuation, that is, a two-pass filtering with the 45-dB filter. 
Tests also revealed that (1) voicing detection errors were 3.4%, and 
(2) approximately 90% of the F0 estimates fell within the ±0.1% precision range. The 
only similar reported evaluation appears to be the ±0.5% accuracy reported by Hess 
and Indefrey (1987) for F 0 estimation in EGG signals from non-dysphonic speakers. It 
should be observed that the 50-500 Hz F0 range, however adequate for the speaking 
voice of male adults, is insufficient for the singing voice, being also limited for the 
speaking voice of children and high-pitched females. Moreover, caution should be 
taken when using EGG signals for automatic analysis: while recordings characterised 
by weak, noisy, or extremely irregular waveforms may still be interpreted subjectively, 
they should be disqualified for objective measurements. 
The automatic and precise determination of individual glottal cycles is an 
important pre-requisite for the extraction of features related to the waveshape. The 
next section describes how the F 0 detection algorithm was adapted to extract other 
objective measurements from EGG waveforms. 
3.5 F0-SYNCHRONISED EGG MEASURES 
The examination of EGG waveforms in foregoing sections indicated that some details 
about the vocal fold behaviour may be obtained by subjectively interpreting the 
signals. Subjective interpretation depends, of course, on the expertise of the 
interpreter. On the other hand, expert knowledge can be represented in automatic 
algorithms but the ability to focus on fine details is sacrificed for the sake of reliability 
and computational feasibility. 
Time-domain EGG measures are relatively simple to compute and interpret in 
electroglottograms from normal larynges (e.g., Baken, 1987; Lindsey & Howard, 
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1989; Orlikoff, 1991; Fourcin et al., 1995).6  To a much lesser extent, EGG objective 
measures have been applied to signals from dysphonic speakers, mostly to 
differentiate a dysphonic group from a non-dysphonic control group (Haji et al., 
1986; Horiguchi et al., 1987; Childers, 1992; Hall, 1995). While successful 
differentiation has been reported in the cited papers, little attention has been paid to 
how specific pathologies (especially organic disorders) can affect objective measures. 
An exception is the study of Dejonckere and Lebacq (1985) who found that nodules 
can increase the ratio between the duration of the closed and open phases. 
This section describes algorithms implemented for the extraction of common 
EGG measures and their application to the analysis of recordings from dysphonic 
speakers. Since the automatic analysis of "abnormal" electroglottograms has been 
limited, it appears prudent to start with known measures. The study is aimed at 
finding (1) normative values for the measures; (2) the measures' numeric range in a 
relatively large dysphonic population; and (3) possible vocal disorders that may 
systematically affect the measurements. 
3.5.1 Stimuli 
To focus on vocal fold behaviour and reduce coupling effects with the upper vocal 
tract, sustained vowels were used as stimuli. Although the shape of EGG signals is 
expected to be vowel-independent, electroglottographic perturbations may vary 
across vowels. Only Ia/ vowels were included because movements of the tongue and 
epiglottis - especially in Li! and /u/ - can connect to the larynx through the 
aryepliglottic fold  and the hyoid bone (Rossi & Autesserre, 1981), affecting the 
signal. Recall that the tongue is pulled forward in hi, being retracted in /u/, but left 
near its neutral position (i.e., the schwa) in Ia! vowels. 
Recordings were taken when the patients were instructed to take a deep 
breath and sustain their voice as long as possible, in comfortable levels of pitch and 
6  The reader is also referred to an extensive literature survey in Colton and Conture (1990). 
The aryepiglottic fold (also known as quadrangular membrane) has been mentioned in Figure 2.5 
(p. 17). Functionally, this fold is better seen in Figure 2.1c (p.  13), where the aryepiglottic fold is 
indicated by the spring connecting the arytenoid cartilage and the epiglottis. 
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Figure 3.21. Parameterisation of the EGG pulse. Amplitudes were normalised 
from 0% (negative peak, "N") to 100% (positive peak, "P"). The crosses ("x") 
indicate the zero crossings (z) found by the F 0 detection algorithm. 
loudness (see details in Appendix A2). A total of 222 recordings (140 female 
speakers, 82 male speakers) was available for analysis. 
3.5.2 Common EGG measures 
A method was implemented, combined with the F0 detection algorithm, to identify 
certain anchor points in each glottal period. These points, used to define the 
measurements, are shown in Figure 3.21, being nine in all: the positive (P) and 
negative (N) peaks, the points corresponding to 10% (a, 1), 25% (b, e), and 90% (c, 
d) of the peak-to-peak amplitude, and the up-going zero crossing (z). Points "a" and 
"c" indicate the beginning and end of the closing phase, while "d" and "f' delimit the 
opening phase. Points "b" and "e" will be justified in the forthcoming discussions. The 
parameterisation in Figure 3.30 is similar to the method described by Marasek (1995), 
who used a smaller set of points (a, c, d, f) to obtain measures for classifying EGG 
signals according to different phonatory settings. 
Normalised Closing and Opening phases. Although the duration of the 
opening phase is intuitively Fo-dependent, it is not clear to what extent the duration of 
the closing phase depends on the fundamental period. With this uncertainty in mind, 
the fundamental period (T) was used to compute normalised closing (Cp) and 
opening (Op) phases (see Figure 3.22): 
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Figure 3.22. Closing and opening phases. "A" is the estimation of the closing 
phase, "C+D" representing the estimate of the combined first and second part of 
the opening phase. 
	




where A is the duration of the closing phase, C and D being the duration of the "first" 
and "second" parts of the opening phase, respectively. The division of the opening 
phase in such parts is not conventional and was introduced here in connection with 
the synthetic EGG waveforms (section 3.4.3, p.91). No attempt was taken to separate 
C and D automatically since a reliable separation can be difficult even in a manual 
analysis. 
A small closing phase (i.e., Cp ranging from = 5-10%, as will be justified later) 
is an important feature in healthy voices. An alternative representation of the closing 
phase would be in terms of its slope, that is, the ratio between the amplitude and the 
duration of the closing phase. However, the use of slope measures is restricted 
because of the lack of meaning in comparing measures of EGG amplitude across 
speakers. With this limitation in mind, Orlikoff (1995) showed that there was a strong 
intra-speaker correlation (mean r = 0.87, 10 subjects) between the slope of EGG 
closing phases and corresponding peak-to-peak acoustic values. 
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Figure 3.23. Contact quotient (CQ). "B" is the estimate of the duration of vocal 
fold contact according to the 25% level criterion. CQ = (BIT) xl00%. 
Speed Index. This measurement combines the closing and opening phases and 
reflects the symmetry of the waveform (Baken, 1987, p. 210):8 
	
SI=cp_op, 	 (3.7) 
Cp + Op 
"Up" and "Cp" having been defined in Equation 3.6. Notice that speed indices range 
from -1 (i.e., a zero closing phase) to +1 (a zero opening phase) and that a zero speed 
index indicates identical closing and opening phases. As a limitation of this measure, it 
is not possible to say, for example, whether an SI of small magnitude comes from an 
increased closing phase or a reduced opening phase. Electroglottograms from healthy 
voices are expected to be asymmetrical with a shorter closing phase, providing 
negative speed indices of = -0.65, at least for the definitions of Op and Cp adopted 
here. 
Contact Quotient. Also known as "closed quotient," this is possibly the most 




8  According to Baken's (1987) definition, though, the closing phase would be the interval between 
points "a" and "P" (Figure 3.21), the opening phase being the interval between "P" and "I". The 
modification adopted here tried to avoid problems with multiple or noisy peaks. 
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where B is the estimate of the duration of vocal contact (Figure 3.23). The criterion 
of 25% for the determination of this duration is identical to the value used by Orlikoff 
(1995), who said (p.  1067-1068), supported by other studies, that "[a 25% level] 
represented the lowest level that would ensure freedom from waveform artifacts." 
Values of 30-35% have also been suggested elsewhere (e.g., Rothenberg & Mahshie, 
1988; Lindsey & Howard, 1989). 
Contact quotients are expected to fall around 50% in non-dysphonic speakers 
using modal voice and "soft" intensity levels, rising to approximately 60% for "loud" 
voices (Orlikoff, 1995). Acoustic power is therefore related to increased CQ values 
and, as said before, to reduced closing phases. High CQ values (i.e., = 60-70%) over 
a wide F0 range have been shown to be a peculiarity of trained singers (Lindsey & 
Howard, 1989). In singers with little or no training, CQ values are smaller (40-50%) 
and may even drop with rising F 0 values. Lindsey and Howard (1989) also showed 
that CQ values in the "singing voice" of trained singers are higher than CQ values in 
their modal "speaking voices." 
Cycle-to-cycle perturbations. These measures usually refer to jitter (i.e., the 
amount of cycle-to-cycle period perturbations), and shimmer (similarly, the amount of 
cycle-to-cycle amplitude perturbations). Expressions for jitter and shimmer are similar 
and can be found in studies of acoustic voice signals, as briefly reviewed below. The 
reader is referred to a detailed survey on perturbation measures provided by Huller 
(1985). 
The measurement of jitter was originally introduced by Lieberman (1961) to 
study the influence of emotional factors in the fundamental frequency. Later (1963), 
he applied his ideas of vocal perturbation to study laryngeal disorders. In his 1963 
paper, he defined "Perturbation Factor" as the percentage of cycle-to-cycle variations 
having absolute values ~! 0.5 ms, and suggested that this measure could be used for 
detecting pathologic laryngeal conditions. He also noticed that perturbations above 
0.5 ins "generally occurred at rapid formant transitions for connected speech" (p. 
346). Currently, there is a certain consensus (Titze, 1995, p. 28) that cycle-to-cycle 
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perturbation analysis should be limited to sustained vowels to "elicit a stationary 
process in vocal fold vibration." 
A common measure of jitter is the so called "average jitter" (Heiberger & 
Horii, 1982): 
1 N-I 
Average jitter = 	I T(i + 1)- T(i)I, 	 (3.9) 
N-i 
where T(i) is the duration of the ith period and N is the total number of cycles. The 
lack of time normalisation in this expression results in FO-dependent jitter values. 
Leiberman (1961, p.  602) observed that IT(i+1) -T(i)I "increased with the duration of 
the periods until their duration reached 6 msec (sic). It was independent of the period 
duration for periods longer than 6 msec." In other words, his data suggested that 
cycle-to-cycle period changes were FO-dependent for frequencies above = 167 Hz. 
Therefore, jitter estimation in time units is not a recommended strategy. 
Jitter normalisation is usually achieved by using the utterance's mean 
fundamental period (T), as in the "jitter factor" (Heiberger & Horii, 1982): 
Jitter factor = __ 
I __ N-i _ T(i + 1)- T(i)I x 100%, 
	(3. lOa) 
N-11 1 	T 
	
= --T(i), 	 (3.1Ob) 
N j1 
where T(i) is the duration of the ith period and N is the total number of cycles. 
To compensate for variations in the fundamental frequency, Koike (1973) 
proposed the "Relative Average Perturbation" (RAP), where the instantaneous 
fundamental period is compared to a local 3-point average, and normalised by the 
utterance's mean period: 
1 	JT(i - 1) + T(i) + T(i + 1) - T(i) 
RAP = 
N-2 j=2 1 3 	 xl00%, 	(3.11) 
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where T(i) is the duration of the ith period and N is the total number of cycles, T 
being defined in Equation 3.10b. Davis (1976) suggested that a 5-point running 
average would be more appropriate to differentiate healthy and dysphonic speakers 
based on acoustic jitter. 
The normalisation by a local F0 estimate appears to have been originally 
suggested by Askenfelt and Hammarberg (1980), in their "Perturbation Magnitude" 
(PM) measure: 
PM= 	IF0(i+1)_F0(i)Ix100% 	 (3.12) 
N-I i=1 	F0(i) 
where Fo(i) is the fundamental frequency of the ith period and N is the total number of 
cycles. 
A more recent definition, the "First Order Perturbation Factor" (PF1), 
introduced by Titze and Liang (1993), was adopted here. This measure has already 
been presented in Equation 3.3 (p.  94), and is re-written below in terms of the 
fundamental period: 





N - l 11 0.5.[T(i+1)+T(i)] 
where T(i) is the duration of the ith period and N is the total number of cycles. 
This measure was adopted because (1) it incorporates a period normalisation; 
(2) the instantaneous estimates depend only on two cycles, simplifying the 
implementation of the period tracking strategy; and (3) there is no compensation for 
F0 fluctuation, as in Equation 3.11. This type of compensation may mask true cycle-
to-cycle perturbations, leading possibly to underestimated jitter values (Titze, Horn & 
Scherer, 1987). 
Shimmer was also measured with a first order perturbation function: 
1 N-I I P(i + 1)— P(i)I  
Shimmer = 	 x 100%, 	 (3.14) 
0.5 [P(i + 1) + P(i)] 
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where P(i) is the positive peak value of the ith cycle. Logarithms in expressions for 
shimmer are found in the literature, but this has been discouraged in current 
recommendations for voice analysis (Titze, 1995, p. 27). A smoothed significant peak 
could have been used to avoid the effects of mucous strands and noise. However, it 
might be useful having a measure sensitive to such factors because mucus being 
collected in the vocal folds may be indicative of abnormal vibration modes (Maran, 
1995g). This may possibly happen in situations where the mucosal wave (and hence 
mucus) is being interrupted before reaching the ventricles. 
The measure of shimmer defined in Equation 3.14 focuses on perturbations 
during maximum vocal contact. These perturbations can be induced by lesions, mucus 
and phonatory settings. Creaky voice can be a cause of excessive shimmer. In this 
setting the folds can vibrate in longitudinal modes of higher order, possibly with left-
to-right asymmetry, resulting in multiple and most likely irregular contacts. 
This section addressed methods for obtaining common objective EGG 
measures, offering some interpretations for them. Unfortunately, EGG measurements 
can be very sensitive to the quality of the recordings and some form of quality control 
is required before processing the signals. This is the subject of the next discussion. 
3.5.3 Quality control of EGG signals 
3.5.3.1 Need for quality control 
Many types of electroglottograms from dysphonic patients have been analysed 
previously. Patterns leading to gross errors in the F 0 tracking algorithm have also 
been identified. As has been summarised by Watson (1995, p. 133), four basic factors 
can deteriorate EGG signals: 
I. Poor vocal function 
Neck conduction paths which contain little vocal fold contact [...] 
Inaccurate placement of electrodes 
Poor signal processing technique (phase errors, poor low frequency 
{ ... ] response, inadequate signal-to-noise ratio, signal clipping, etc.)." 
Before relying on objective measures, it is of primary importance to certificate 
that the signal has not been affected by the problems listed above. The inadvertent use 
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Subjective EGG Quality Assessment 
1 = Unusable 
2 = Poor! 
Inadequate 
3 = Fair 




Figure 3.24. EGG quality. Proportion of signal types according to subjective 
criteria. Data from 222 dysphonic speakers. See complementary details in text 
and in Figure 3.25. 
of objective measures from noisy or highly irregular electroglottograms is certainly 
the major risk of EGG techniques. Watson (1995) proposed a criterion based on a 
measure (NNE) 9 of the noise-to-signal ratio of the signal: he found that signals with 
an NNE value above -15 dB would meet his subjective criteria for accepting or 
rejecting other measures from an EGG recording. His data consisted of 1-second long 
extracts from a longer sustained Ia! vowel. While Watson's (1995) method is a useful 
reference, it is also observed that estimates of the noise-to-signal ratio increase with 
increasing levels of jitter and shimmer, even in the absence of high-frequency noise 
(Hillenbrand, 1987). This means that signals with no problem other than, say, a high 
level of shimmer, may be rejected. 
3.5.3.2 Semi-automatic assessment 
To reduce the chances of using inappropriate signals for objective measures and to 
accept as many recordings as possible, a semi-automatic method was devised for 
evaluating signal quality. Firstly, some cycles were visually inspected at the initial, 
mid, and final portions of each recording, and a subjective score was given to the 
NNE stands for "Normalised Noise Energy," a measure of noise-to-signal ratio proposed by Kasuya 
and co-workers (1986, 1986a,b). There are, though, definitions for time-domain and frequency-
domain NNEs but their equivalence appears to have not been studied. The software package used by 
Watson (1995) implemented the time-domain NNE. 
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signal, that is, "unusable = 1," "poor = 2," "fair = 3," and "good = 4." Signals of type 
1 suggested no vocal contact at all. "Poor" signals had excessive noise and a "weak" 
amplitude. Recall from the calibration of the F 0 detection algorithm (p. 91) that 
"weak" signals had a peak-to-peak amplitude below 14,000 units, this value being 
larger than 28,000 units in "strong" signals. Recordings presenting abnormalities that 
could lead to meaningless measures were considered "inadequate" and included in the 
type 2 group. Signals of type 3 had "strong" amplitudes but visible noise. Finally, 
1000  
F MI 
TYPE 1 I I 	 I  
 5 ms/div 
5000 
vrvvt 
TYPE 2 I I 	I  
 5 ms/div 
5000 
\j -\j 
TYPE 3 I 
\j \j 
I 	I  
 5 ms/div 
TYPE 2 
I  10 ms/div 
Figure 3.25. Quality control of electroglotto grams. (a) Type 1 (unusable) signal. 
Vertical scale in analogue-to-digital units. (b) Type 2 (poor) signal; (c) Type 3 
(fair) signal; (d) Type 2 (irregular) signal. Notice the irregularities in the 
waveform that led to a high incidence of unvoiced intervals. Signals before 
baseline drift removal. Figure continues. 
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signals of type 4 presented no problem during the inspection. Figure 3.24 (p. 111) 
shows the proportions of each type of signal in the 222 cases, exemplifying 
electroglottograms being presented in Figure 3.25. 
In the next step of the evaluation procedure, the recordings were 
preconditioned (two-pass filtering), being subsequently analysed by the F 0 detection 
algorithm. Recordings were accepted for further analysis when: (1) The subjective 
score was "3" or "4" and (2) the percentage of detected voiced intervals was larger 
than 75%. Although true unvoiced (or silent) intervals may have occurred during the 
sustained vowels, most of the estimated unvoiced intervals represented voiced-to-
unvoiced errors, that is, glottal cycles not detected by the F 0 tracking algorithm. The 
75% threshold is somehow arbitrary, but appeared appropriate to reject inadequate 
recordings not detected during the visual inspection. Excessive unvoiced intervals 
were interpreted as an indication of anomalies that could lead to unreliable measures. 
Approximately 90% of the 222 recordings had unvoiced intervals below 25%. 
Recordings from 137 patients, representing 62% (137/222) of the initial cases, 
were accepted by this quality control scheme. The voicing-detection criterion 
U U U \\J U U \J \1J U 
TYPE 4  
(e) 	 5 ms/div 
5000 
TYPE 4 
(1) 	 5 ms/div 
Figure 3.25. (continued). (e) Type 4 (good) signal; notice the systematic shimmer. 
(f) Type 4 signal that also resulted in excessive unvoiced intervals. In this case, 
more than one zero crossing occurred between consecutive negative and positive 
significant peaks. 




DISORDER F M F+M F M F+M 
Acid laryngitis 2 5 7 2 4 6 
Carcinoma 1 3 4 1 2 3 
Cysts 8 1 9 6 1 7 
Granuloma 0 1 1 0 1 1 
Leukoplakia 0 2 2 0 2 2 
Mutational dysphonia 0 2 2 0 2 2 
Myopathy 2 7 9 1 4 5 
NAD 15 9 24 13 8 21 
Nodules 23 2 25 11 2 13 
Papillomas 3 4 7 1 3 4 
Polyp 2 2 4 1 2 3 
Presbyphonia 3 5 8 1 3 4 
PsychogeniclMTD 36 12 48 15 8 23 
Rec. paralysis (L) 10 10 20 3 5 8 
Rec. paralysis (R) 1 2 3 0 1 1 
Rec. paralysis (R+L) 1 0 1 0 0 0 
Reinke's oedema 3 0 3 2 0 2 
Selective paralysis 3 1 4 3 1 4 
Sulcus vocalis 3 1 4 2 1 3 
Surgical scar 5 4 9 3 4 7 
Vocal abuse/misuse 9 1 10 6 1 7 
Web 1 2 3 0 1 1 
Other 1 	9 6 15 1 	6 4 10 
TOTAL 1 140 82 2221 77 60 137 
Table 3.3. Incidence of voice disorders in the corpus. Overview of the 
pathologies in the original and selected group of EGG recordings. M = male, 
F = Female, MTD = muscular tension dysphonia, NAD = no abnormality 
detected, Rec. = recurrent laryngeal nerve, L = left, R = right. 
eliminated 20 of the 157 signals of type 2 or 3. The average number of cycles 
detected in the 137 "approved" signals was 2,032 (range: 265-6,498). Watson (1995) 
achieved a better success rate (78%) that may be attributed to the smaller length of 
his stimuli. 
The incidence of disorders in the original and selected recordings is presented 
in Table 3.3. The last row of the table shows that 55% (77/140) of signals from 
female speakers were rejected, this proportion being 27% (22/82) for male speakers. 
The degradation in EGG signals from females relates not only to anatomical 
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differences (i.e., smaller vocal folds and larger angle of the thyroid cartilage) but also 
to the increased incidence of psychogenic and muscular tension dysphonias in women. 
These disorders usually present a "hypofunctional" state characterised by poor 
respiratory support, longitudinal chinks, and vocal fold bowing (e.g., Stemple, 1993, 
pp. 76-99), resulting in less vocal contact. Notice also the high rejection of signals in 
cases of paralysis, as would be expected. 
3.5.3.3 A strategy for automatic quality control 
It might be worth verifying whether an automatic assessment could have a 
performance similar to the semi-automatic method described above. A simple 
combination of two variables was studied here. These variables were the percentage 
of unvoiced intervals (UNV) and a measure of the signal-to-noise ratio (SNR), 
motivated by the study of Watson (1995). 
The algorithm for SNR extraction can be interpreted as a comb-filter working 
on a cycle-to-cycle basis, as will be detailed in chapter 5. Briefly, SNR values were 
estimated as the mean of local SNR estimates (LSNR) defined as: 
rTl 
I 	[ 4 (x 	)1 + x i+T+k 	I 
I I LSNR(i) = 10. log krO  T-i 	 I, (3.15a) 
I I [--•(x 	+x +T+k )I I 
Lk=o 	 _I 
N-i 
SNR = 1 
	
LSNR(i), 	 (3.15b) 
(EGG) 	N-1  i=i 
where "i" is the up-going zero crossing instant of a generic cycle, N is the number of 
cycles, and T is the instantaneous fundamental period. A comparison of SNR, as 
described above, and NNE measures from a commercial package (Dr. Speech 
Science, Tiger Electronics, Seattle) across 15 patients resulted in a correlation of 
-0.87 between SNR and NNE values. Furthermore, Watson's (1995) -15 dB NNE 
threshold corresponded to a 17.5 dB SNR value. This small study is summarised in 
Figure 3.26. 
Chapter 3 - EGG Assessment of Voice Disorders 	 116 
SNR (dB) 
0.00 5.00 10.00 15.00 20.00 25.00 30.00 35.00 40.00 
0.00 .1..1 	I. ... I._..I..I. 	










Figure 3.26. SNRXNNE estimates. Signal-to-noise ratios (SNR) were computed 
according to Equation 15, while the NNE was obtained with a commercially 
available software package. Three recordings (filled dots at NNE = -1 dB) could 
not be analysed by this software. 
A scatter plot in the SNRxNNE plane is shown in Figure 3.27, for 222 
recordings grouped by signal type. The quadrants in the panels of this figure, defined 
by SNR = 17.5 dB and UNV = 25%, establish regions for acceptance or rejection of 
recordings. Accepting only EGG signals with SNR> 17.5 dB and UNV <25%, and 
assuming that the semi-automatic control was correct, false acceptances would have 
been 6.31% (14/222) and false rejections 0.90% (2/222). 
An inspection of the 14 falsely accepted recordings showed advantages and 
limitations in both the semi- and fully-automatic quality control methods. In these 14 
recordings, 1 case would be classified as type 4 if it had not been affected by clipping; 
another case should have been classified as type 3, indicating an error in the initial 
inspection; three recordings were in the border line between type 2 and type 3; while 
the remaining 9 cases presented "weak" amplitudes, despite SNR above 17.5 dB. An 
inspection of the 2 recordings falsely rejected due to low SNR values (see panel at the 
inferior left side of Figure 3.27) indicated that the signals had excessive levels of 
shimmer. This might have been the cause of the reduced SNR values, considering that 
a drop in SNR measures with increasing cycle-to-cycle perturbations has been 
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Figure 3.27. Automatic EGG quality control. Signals would be accepted if 
unvoiced intervals < 25% (arbitrary) and SNR > 17.5 dB (based on Watson, 
1995). The corresponding false acceptances (FA) and false rejections (FR) would 
have been 6.31% (141222) and 0.90% (21222) respectively. 
extensively reported in the literature of acoustic signal analysis (e.g., Hillenbrand 
1987; Muta et al., 1988; Cox, Ito & Morrison, 1989). 
False acceptances appeared to be the main limitation of the fully automatic 
assessment method. This limitation may be reduced, for example, by using "traps" 
designed to detect problematic situations (e.g., clippings or SNR above 17.5 dB in 
"weak" signals), but no attempt was pursued for further improvements. 
The forthcoming section presents the numerical results of the analysis of 137 
signals from dysphonic speakers. Statistical distributions will be obtained and ranges 
of severity will be suggested for each objective measure. 
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3.5.4 Experimental results and discussion 
Initially, it is emphasised that a database containing recordings from speakers having 
no laryngeal abnormality could not be organised. It would be difficult to recruit a 
large number of subjects to match the dysphonic group and submit this control group 
to a complete ENT examination, including videoendoscopy. The use of voices from 
speakers with "no history of voice disorders" without a thorough ENT examination 
was considered inadequate because laryngeal problems can occur without affecting 
the voice, although other symptoms may appear (e.g., coughing or dry throat). With 
the lack of a non-dysphonic control group in mind, an attempt was made to obtain 
ranges corresponding to the degree of impairment of the voice as detected in each 
objective measure. Further research should attempt to complement the results 
reported below with data from a non-dysphonic population. 
3.5.4.1 Normalised closing and opening phases 
The statistical distribution of the normalised closing phase (Cp) is shown in Figure 
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Figure 3.28. Normalised closing phase (Cp = closing phaselT). The ranges on 
the bottom of the picture correspond to the quartiles, being equivalent to 
(0) 0%:5 Cp < 8.3%; (1)8.3% !~ Cp <10.5%; (2) 10.5%:5 Cp < 13.9%; and 
(3) 13.9% !~ Cp. The last bin in the histogram concentrates all values above 
29%. 
5 ni'/dr. 







Figure 3.29. EGG with slow closing phase. Top: Electroglotto gram. "N," "a 
"c", "P" and "A" have been defined in Figure 3.21 (P.  104) and Figure 3.22. 
There are no prominent peaks in the acoustic signal after the closure, as typically 
seen in /a/ vowels. The microphone signal is noisy and perceptually breathy. 
Bottom: videostroboscopic sequence with little indication of vertical phase 
difference or mucosal wave. Notice also the bowed shape of the vocal folds and 
the adduction of the vestibular folds in this 66 year old male patient. 
groups) of the population. Considering that a fast closure is a primary feature for 
efficient voice production, it is expected that the first quartile represents values from 
healthy voices. 
The smallest closure (Cp = 3.75%) was taken from a singer in the "no 
abnormality detected" group. The largest measure (33.74%), on the other hand, has 
come from a speaker with respiratory problems whose electroglottogram presented 
an open phase with a slowly rising slope (Figure 3.29). It is difficult to interpret this 
EGG pattern but video stroboscopic images suggested that closure was being 
accomplished with little vertical phase difference, because no mucosal wave was 
observed. Moreover, the "zipper-like" pattern of closure in the anterior-posterior 
direction was not present, and a reduction of the longitudinal length of contact could 
be observed, explaining the slow rise in the EGG signal. 
The few reported values of normalised closing and opening phases appear to 
be those by Kelman (1981). In this study, the opening and closing phase were defined 
in terms of the peak of the waveform instead of the 90% level adopted here. The 
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lower level is not clearly stated in the paper but a figure in the cited paper (Figure 1, 
p. 75) suggests that it was equivalent to the 10% value adopted here. The values of 
the normalised closing phase in Kelman's (1981) non-dysphonic speakers ranged from 
5.9-8.5% (3 men) and 12.8-17.5% (4 women). Differences in the definition of the 
phases led to larger values compared to those obtained here (Figure 3.28). There was 
also a large correlation (r = 0.93) between Kelman's (1981) F 0 values and normalised 
opening phase measures. This correlation was only -0.11 in the 137 cases studied 
here. 
The statistical distributions of normalised opening phase values are shown in 
Figure 3.30. In the lack of a reference range for non-dysphonic speakers, the modal 
class in this figure was taken as representative of healthy voices. A few ranges are 
indicated in the figure, suggesting (0) no abnormality detected in the measure, and 
(la) slightly short, (2a) short, (lb) slightly high, or (2b) high opening phases The 
central range was based on 25% of the population around the modal class; the next 
25% up defined the range lb, and the remaining cases defined the range 2b. The 
ranges la and 2a were similarly obtained. There was a high correlation (r = 0.74) 
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Figure 3.30. Normalised opening phase (Op = Opening phase/T). The shaded 
bin is the modal class. The ranges on the bottom of the picture are 
approximately 	(0) 32.7% :E~ Op < 38.9%, 	(la) 22.4 :E~ Op 32.7%, 	(2a) 
Op !~ 22.4%, (Ib) 38.9% !~ Op < 42.8%, and (2b) Op ~! 42.8%. 
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Figure 3.31. Speed index (SI) measures. Ranges at the bottom correspond to 
(0) —1.00 : ~ SI <-0.71%; (1) —0.71 :!~ SI< —0.60, (2) —0.60 ! ~ SI < —0.41; and 
(3) —0.41! ~ SI:!~ +1.0O. 
somehow predictable, having in mind that the opening phase accounts for most of the 
contact phase. 
3.5.4.2 Speed Index 
Speed index (SI) measures are shown in Figure 3.31. There appears to have been 
little dependence between SI measure and the fundamental frequency, the correlation 
coefficient between these measures being r = -0.12. The largest value (-0.85) was 
taken from recordings of the singer with the shortest closing phase mentioned before. 
Regarding studies of other researchers, there appears to be no study reporting SI 
values for EGG signals. Baken (1987, p.  213) reproduced SI values obtained by 
Sonesson (1960) based on glottal area waveforms, but the magnitude of these 
measures was - 10 times smaller than the values obtained here. 
3.5.4.3 Contact Quotient 
The distributions of contact quotient (CQ) measures are shown in Figure 3.32. Values 
concentrated in the central range are expected to represent normal voices, being in 
agreement with reported values (e.g., Kelman, 1981; Lindsey & Howard, 1989). The 
ranges were determined as before (i.e., Figure 3.30), except that the boundary 
between the ranges lb and 2b (dashed line in Figure 3.32) was introduced based on 

























25 30 35 40 45 50 55 60 65 70 75 80 
Contact Quotient (%) 
	
2a 	1aJO1b 	2b 
Figure 3.32. Contact quotient (CQ). The shaded bin is the modal class. Ranges 
at the bottom correspond approximately to (0) 51% :!~ CQ < 57%, (la) 
44%:!~ CQ<51%, (2a) 0%:!~ CQ<44%, (Ib) 57%:!~ CQ<65%, and 
(2b) 65%!~ CQ!!~ 100%. 
the study of Lindsey and Howard (1989). CQ values falling in the ranges la or 2a 
suggest poor vocal function and possibly a glottal chink. High CQ values may indicate 
a mass increase or hyperfunction ("pressed voices"), but note that trained singers are 
expected to have CQ values in the lb or 2b ranges (Lindsey and Howard, 1989). A 
contact quotient in the central range suggests that there is little air leakage and that 
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Figure 3.33. CQ mean x CQ standard deviation. Labels at the right side (0, 1, 
2, 3) delimit the quartiles of the distribution of CQ standard deviation values. 
Labels at the top are defined in Figure 3.32. 
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aerodynamic energy is being efficiently transferred into vocal fold movement. 
It was observed that a plot of CQ values versus CQ standard deviations 
appeared useful to visualise the stability of phonation (Figure 3.33). This figure shows 
that patients may have CQ values in the expected normal range, but the contact may 
be irregular through the sustained vowel. 
3.5.4.4 Jitter 
The statistical distribution of jitter measures (Figure 3.34) had a marked modal class 
(range 1, 0.30-0.54%). Values for non-dysphonic speakers have been reported by 
Orlikoff(l995). His measures, in milliseconds, can be converted to 0.34-0.91% (men) 
and 0.51-1.36% (women), by normalising to the reported mean F 0 values (men: 
110 Hz, women: 223 Hz). His values appear to be larger than the range suggested 
here for normal voices. They had also an apparent dependence with the fundamental 
frequency that has not been observed in the values obtained here: the correlation 
coefficient between jitter and F 0 values was r = -0.071 in the 137 speakers. 
An EGG signal with large jitter is given in Figure 3.35. The electroglottogram 
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Figure 3.34. Jitter measures. The last bin indicates the interval 2.3-10%. Ranges 
are approximately (0) 0% !~ jitter < 0.30%; (1) 0.30%:5 jitter < 0.54%; 
(2) —0.54% !~ jitter < 1.08%: and (3) 1.08 !~ jitter !~ 10%. 
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(a) 	 5 ms/div 	(b) 
Figure 3.35. Speed of closure and acoustic intensity. (a) Electroglotto gram and 
superposed audio signal. Arrows point out the effects of a polyp, shown in (b). 
7%, revealing the importance of automatic measurement. The patient had a polyp 
(indicated by the arrow in Figure 3.35b) that affected either the opening phase (arrow 
1 in Figure 3.35a) or the closing phase (arrow 2 in Figure 3.35a) of each cycle. 
Notice that affected closing phases had a smaller slope and the amplitudes of the 
corresponding acoustic cycles were significantly reduced. This is a clear illustration of 
the relationship between speed of closure and acoustic intensity. Figure 3.35a also 
shows that electroglottographic and acoustic shimmer are not necessarily correlated. 
3.5.4.5 Shimmer 
The distributions of shimmer measures are shown in Figure 3.36, where 4 ranges for 
the degree of perturbation are suggested. The few reported EGG shimmer measures 





(3.16) shimmer (db) = 	I log
N-i   
where P(i) is the positive amplitude of the ith cycle and N is the number of cycles 
analysed. The relationship between instantaneous shimmer values in decibels, 
20 . log[P(i) / P(i + 1)]j, and values obtained with the first order perturbation function, 
200 P(i) - P(i + 1)j / [P(i) + P(i + 1)], is practically linear in the range of values 
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Figure 3.36. Shimmer. Ranges are approximately (0) 0% :!~ shimmer < 1.40%, 
(1) 1.40% :!~ shimmer < 3.10%; (2) 3.10% :!~ shimmer < 5.50%, and 
(3) shimmer ~! 5.50%. The 9 values in the "more" class spread up to 31.32%. 
shimmer (PF1, %) = 1 1.42xshimmer (dB), 	 (3.17) 
for shimmer (PF1) in the 0-40% range. 
Orlikoff (1995) reported an average shimmer of 0.183 dB (range: 0.077-
0.460 dB) for 20 non-dysphonic speakers, these values being equivalent to 2.09% 
(range: 0.88-5.25%) according to Equation 17. Another study (Haji et al., 1986) 
obtained a mean shimmer of = 0.15 dB (1.7 1%) for 30 "normal" speakers. The range 
Figure 3.37. Conversion of instantaneous shimmer measures. See text for 
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Figure 3.38. Jitterxshimmer plane. Ranges (0-3) have been defined in Figure 
3.34 and Figure 3.36 
for these 30 speakers was = 0.03-0.23 dB (0.34-2.62%). Measures from 33 
dysphonic speakers by Haji and co-workers (1986) varied from approximately 
0.04 dB (0.46%) to 1.8 dB (20.56%). Shimmer is not a critical measure, provided 
that F0 tracking is free from period doublings and halvings. The measures obtained 
from the 137 speakers analysed here appear to be consistent with other studies. 
A scatter plot in the jitterxshinimer plane is shown in Figure 3.38. The 
correlation between shimmer and jitter measures was r = 0.71. A close value (r = 
0.86) has been reported by Haji and colleagues (1986) for the correlation between 
shimmer (dB) and jitter (in semitones). The regression line in the logxlog scales of 
Figure 3.38 indicates that shimmer can be roughly predicted from jitter by: 
shimmer (PF1) = 4.77xjitter (PF1). 	 (3.18) 
3.5.4.6 F0 merit factor (Q) 
A simple measure that emerged from this study and appears useful may be named "F 0 
merit factor," 
Q=F0 /FO SD, 	 (3.19) 
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Figure 3.39. F0 merit factor (Q). Ranges are (3) 0!5 Q < 31; (2) 31 !~ Q < 46, 
(1) 46 :~ Q < 71, and (0) Q > 71. 
where F0 is the mean fundamental frequency and F 0 SD is the F0 standard deviation. 
This definition bears some similarity with the merit (or quality) factor of resonant 
circuits (i.e., fJBW,  where  fr is the resonant frequency and BW is the half-power 
bandwidth) and, apparently, has not been used for the assessment of F 0 stability. The 
statistical distribution of Q values is shown in Figure 3.39. A high Q suggests a stable 
phonation, remembering though that vibrato can be present in a singer's voice, 
increasing the F0 standard deviation and reducing the merit factor Q. 
3.5.4.7 Summary 
The objective measures studied in this chapter can be combined in a single chart, as 
shown in Figure 3.40. A similar display is used in a commercially available software 
(Multi-Dimensional Voice Program, Kay Elemetrics Corp., Pine Prook, NJ, USA). 
The chart is divided into areas, corresponding to the ranges determined previously. 
Other axes could obviously have been added. 
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Figure 3.40. EGG profile. The two sets of connected dots suggest a nearly normal 
electroglottogram (inner set) and a moderately to extremely affected signal (outer 
set). To simplify the display of values below and above the central range, contact 
quotient measures (CQ) were split into two separate axes: CQ (low) axis, 
including values in the 0, la, and 2a ranges, and CQ (high) including values in 
the lb and 2b ranges. 
3.5.5 EGG perturbation measures and videostroboscopic symmetry 
An attempt was made to find possible relationships between automatic perturbation 
measures and subjective assessments of videostroboscopic sequences. A protocol for 
videostroboscopic evaluation described by Hirano (1981, p.  51) and extended by 
Hirano and Bless (1993, p.  90) is a de facto standard in clinical practice. Such aspects 
as the vertical level of the folds, the amplitude/symmetry of the vibration, and the 
intensity of the mucosal wave, are rated in this protocol. Recognising the value of 
these features, there are practical difficulties in obtaining scores for all of them. In 
many cases, a reliable triggering of the stroboscopic flashes cannot be accomplished 
because of F0 irregularities. In other situations the examination may be carried out 
using only the "freezing mode" (i.e., flash rate identical to F 0), creating difficulties for 
the assessment of the amplitude of vocal fold displacement or the intensity of the 
mucosal wave. 
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Figure 3.41. Schematic representation of asymmetrical vibrations. (a) Normal 
pattern: the folds are symmetrical in relation to the (dashed) mid line; (b) the 
folds are not in phase, although they may vibrate with the same amplitude; 
(c) the amplitude or phase of vibration is different in each side; (d) one fold is 
vibrating in a higher mode ("bimodal wave"); (e) both folds vibrating in higher 
modes. The last examples are commonly seen in creaky voices and unilateral 
paralysis. 
During the study of the video stroboscopic sequences in the data base, 
asymmetry of vibration appeared to be a feature that could be reliably assessed in a 
frame-by-frame analysis. In healthy larynges phonating in modal voice, the 
movements of the vocal folds are mirror images of each other. Unilateral changes in 
the amplitude or phase of vibrations are relatively simple to detect in still frames. One 
fold vibrating in a higher longitudinal mode can also be visualised, as shown in the 
previous chapter (Figure 2.16). Schematic illustrations of asymmetrical patterns seen 
in videostroboscopic images of dysphonic patients are shown in Figure 3.41. 
Among the 137 patients whose EGG signals were approved in the 
electroglottographic assessment method, 130 had videostroboscopic sequences in 
their endoscopic examination. The symmetry of vibration in these video recordings 
(mostly hi vowels, 5-10 seconds of duration) was rated on a 1-4 scale. The scores, 
taken from Hirano and Bless (1993), meant that the vibrations were (1) regular; 
(2) sometimes irregular; (3) mostly irregular; or (4) always irregular. 
Videoendoscopic sessions (oral telescope) were conducted by an ENT specialist after 
EGG and acoustic signals have been recorded. 
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Figure 3.42. Perturbation measures and videostroboscopic symmetry. Vocal 
fold vibration was rated as (1) regular; (2) sometimes irregular; (3) mostly 
irregular; or (4) always irregular. 
The correspondence between automatic measures of cycle-to-cycle 
perturbations and subjective ratings of symmetry is shown in Figure 3.42, where each 
panel corresponds to a different scalar degree of symmetry. Contrary to the 
expectations, there was no clear separation of the stroboscopic ratings in the 
jitterxshimmer plane. This result may be related to the fact that EGG and video 
recordings were not simultaneously captured and were taken in rather different 
conditions. Combinations of other measures described before were also investigated, 
but no satisfactory result emerged. These results were disappointing and frustrated 
the intention of predicting videostroboscopic features from EGG analysis. A more 
conclusive study of the relationships between videostroboscopy symmetry and 
measures of vocal perturbation may require that EGG signals and images be 
simultaneously captured. High speed laryngeal films may also lead to more reliable 
endoscopic assessments. 




This chapter introduced the basic principles of elect roglottography and described its 
application to the analysis of voice disorders. Special attention has been given to the 
assessment of the quality of EGG signals to improve the reliability of automatic 
measures. A number of algorithms have been implemented for baseline drift removal, 
F0 tracking, and automatic measurement of waveform features. Ranges of severity for 
each measure were obtained based mostly on quartiles of the studied population. It is 
hoped that these measures and respective ranges may fulfil the lack of reference data 
for dysphonic speakers. 
Although a number of general guidelines for the interpretation of EGG signals 
have been given in the chapter, it is not possible, in general, to ascribe specific types 
of pathology to particular types of EGG signals or range of EGG measures. It should 
be kept in mind that the electroglottogram represents basically the dynamic behaviour 
of the vocal folds' contact area. Therefore, the details seen in the signal depend not 
only on the physical integrity of the vocal folds, but also on the aerodynamic aspects 
of phonation. As an example, a patient with unilateral paralysis of the recurrent nerve 
can still be able to move the non-affected vocal fold beyond the mid line to achieve 
sufficient contact for phonation. Using only EGG analysis (i.e., without medical 
history details), it would be virtually impossible to discriminate such well 
compensated paralysis from, say, a normal larynx with inadequate respiratory support. 
The objective measures studied in this chapter are valuable, though, to quantify the 
extent of contact and the regularity of the vibration, being particularly useful to 
monitor the effects of phonosurgery and/or speech therapy. 
The objective analysis of EGG signals has little value for differential diagnosis. 
However, EGG parameters falling outside the expected "normal" ranges should 
motivate a careful examination of videoendoscopic images. Moreover, because EGG 
waveforms sometimes present marginal perturbations that may not be detected by 
automatic measures, the interpretation of waveforms seems essential in clinical 
practice. Abnormalities in the EGG closing phase (which relates to the lower parts of 
the vocal folds) have a particular importance, having in mind that videoendoscopic 
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views are confined to the superior parts of the vocal folds and lesions in the inferior 
part may not be easily perceived in stroboscopic pseudo slow motion sequences. 
Attempts to predict a videostroboscopic feature from EGG signals did not 
provide an encouraging result probably because it was not possible to simultaneously 
record EGG and video images which may be necessary in a more definitive 
investigation. 
Despite its relatively old existence, electroglottography appears to have 
undergone few changes over the years. The only significant innovation seems to be a 
two-channel device described by Rothenberg (1992), in which a pair of electrodes is 
used to optimise electrode placement. However, no independent assessment of this 
device appears to have been published so far. The determination of the full capabilities 
of electroglottography, including better designed electrodes or, possibly, electrode-
arrays using multiple carriers, remains a challenge for the future. The success and 
reliability of electrocardiography (e.g., Hampton, 1986) provides enough incentive. 
The next chapter will turn the attention to the clinical analysis of acoustic 
signals. Results from acoustic and EGG analysis will be compared in later chapters. 
Chapter 4 
Clinical Implications of the 
Acoustics of Voice Production 
4.1 INTRODUCTION 
A change in a vocal feature is usually the main complaint of patients attending a voice 
clinic. Abnormalities in such subjective features as pitch, loudness, breathiness, or 
harshness, can be perceived by the speaker, by persons familiar with his/her voice or, 
depending on the degree of the dysphonia, by practically any human listener. Acoustic 
measures that are reliable and consistent with perceptual ratings provided by trained 
listeners can be useful adjuncts in the longitudinal monitoring of patients undergoing 
therapy. When standardised, such automatic measures will allow better comparisons 
across different therapeutic procedures and may be useful in the management of 
health systems. 
Laryngeal disorders may also lead to acoustic perturbations that can be 
detected by machines but may not be perceived by humans. In some cases, the 
underlying lesion or muscular imbalance may even be overlooked in videoendoscopic 
assessments (von Leden & Koike, 1970). In that sense, acoustic analysis can be a 
component of diagnostic procedures. Objective measures and visual representations 
of speech signals are also useful to educate and re-assure the patients. 
133 
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The use of acoustic measures for the screening of laryngeal diseases has been 
suggested by some authors (e.g., von Leden & Koike, 1970; Layer et al., 1986) but 
ethical issues should be observed before embarking into such practices. Along with 
the necessary reliability of the screening technique, it is important to certify, for 
example, that "the individuals in a given population wish to know whether they have 
the disease for which the screening is proposed" (British Medical Association, 1984, 
p. 62-63). 
Acoustic signals are relatively simple to record and, in contrast to 
electroglottographic (EGG) signals, are not influenced by artifacts related to the 
speaker's anatomy or vocal function. There is a vast literature on the acoustic analysis 
of dysphonic voices. In general, investigations about the clinical applicability of 
acoustic signals have aimed at finding objective measures that' (1) discriminate a 
dysphonic from a non-dysphonic population (e.g., Lieberman, 1963; Schoentgen, 
1982; Imaizumi, 1985; Kasuya, Ogawa & Kikuchi, 1986; Kasuya et al., 1986, 1986a; 
Schoentgen, 1986; Hirano et al., 1988; Eskenazi, Childers & Hicks, 1990; Feijoo & 
Hernández, 1990), (2) correlate with perceptual ratings of vocal quality (e.g., Kane 
& Weilen, 1985; Hirano et al., 1988; Feijoo & Hernández, 1990; Wolfe, Fitch & 
Cornell, 1995; Martin, Fitch & Wolfe, 1995), or (3) permit the longitudinal 
monitoring of patients (e.g., Hirano et al., 1988; Muta et al., 1988; Dejonckere & 
Wieneke, 1994). The studies cited above used mostly sustained vowels and measures 
of jitter, shimmer, and signal-to-noise ratio. Other studies investigated parameters 
obtained from spectral analysis (e.g., Yoon, Kakita & Hirano, 1984; Dejonckere & 
Villarosa, 1986; Kitzing, 1986; Lofqvist, 1986; Remade & Trigaux, 1991), cepstral 
analysis (e.g., Koike, 1986), linear predictive coding, LPC (e.g., Davis, 1979), 
glottal air flow estimation by inverse filtering (e.g., Ananthapadmanabha & Fant, 
1982; Javkin, Antoñanzas-Barroso & Maddieson, 1987; Gobl & Chasaide, 1992), or 
non-linear system dynamics (e.g., Hertzel et al., 1994). Results reported by these 
researchers largely confirm the following general trends (Hirano et al., 1988): 
Some studies investigated more than one application, and will be listed more than one time. 
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I. acoustic measures can separate dysphonic from non-dysphonic speakers 
but are not useful for differentiating disease groups; 
acoustic measures show some correlation with perceptual ratings of vocal 
quality; 
acoustic measures are useful in monitoring the effects of treatments. 
The detection of pathologies appears to be the simplest application because it 
requires only a binary decision. Discrimination among disease groups using only 
acoustic measures seems to be an unrealistic goal because, in general, different 
pathologies can lead to the same sort of acoustic perturbations. As an example, it is 
unlikely that acoustic measures will differentiate patients affected by vocal fold 
paralysis from patients with presbyphonia. 
The mapping of perturbation measures into perceptual ratings of voice quality 
appears feasible and it might be expected, for example, that measures of shimmer and 
jitter would correlate with ratings of harshness, while measures of signal-to-noise 
ratio (SNR) would correlate with breathiness. Reported results partially confirm such 
expected correlations (e.g., Hirano et al., 1988; Wolfe, Fitch & Cornell, 1995), but it 
is also true that objective measures have little selectivity. For example, measures 
intended to capture high-frequency noise are also sensitive to cycle-to-cycle 
perturbations, and vice-versa (Hillenbrand, 1987; Qi, 1992; de Krom, 1993). 
In correlational studies of objective measures and perceptual ratings, 
inaccuracies can occur in both the objective and subjective procedures. Known 
algorithms for acoustic perturbation analysis have been shown to be highly unreliable 
in the analysis of voices from dysphonic speakers (Rabinov et al., 1995; Bielamowicz 
et al., 1996). On the other hand, perceptual evaluations are sensitive to such factors 
as the listener's experience, the type of stimuli (e.g., running speech, sustained 
vowels, onset, mid, and offset of vowels), or the vocal feature being rated (e.g., 
Kreiman et al., 1993). The mechanisms of perception are also complex and little 
known (e.g., Flanagan. 1972; Roederer, 1995). The only partially understood laws 
seem to be (1) between pitch (a perceptual attribute of sound) and fundamental 
frequency (a physical parameter of vibration), and (2) between the perception of 
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loudness and measures of vocal intensity .2 
The development and interpretation of objective measures of voice production 
requires understanding of the underlying acoustic phenomena. This chapter is devoted 
to the acoustics of voice production, emphasising basic aspects that appear relevant in 
the assessment of dysphonic patients. The next discussions will review the source-
filter theory, emphasising such concepts as subglottal formants, singing formant, 
glottal formant, and glottal resistance. Non-linear interactions between source and 
filter will be discussed, especially in regard to the first formant tuning in the singing 
voice of sopranos. The value of the source-filter model will be demonstrated in 
discussions about glottal air flow estimation by inverse filtering and about Linear 
Predictive Coding (LPC). To conclude the chapter, practical issues related to the 
acquisition of signals in a voice clinic will be addressed. 
4.2 THE SOURCE-FILTER MODEL IN VOWEL PRODUCTION 
The source-filter model (Fant, 1970; Flanagan, 1972) is a well known representation 
of the acoustics of speech production, layered on the theory of linear systems. 3 A 
fundamental assumption in this modelling is that the vocal tract can be decomposed 
into dynamic and mutually independent parts that interact linearly (Figure 4.1). In a 
first approximation, the independence is justified by the small ratio between the cross 
sectional areas of the cavities associated with the components of the model. Despite 
limitations that will be considered in later sections of the chapter, the model has been 
widely used in many areas where analysis or synthesis of speech is necessary, 
2 Baken (1987, p. 126) stated that "[ijn general, pitch ... increases with fundamental frequency [ ... ]. 
But the relationship is not linear. The auditory system is more sensitive to some frequency changes 
than to others [...]." In regard to loudness, he observed (p.  95) that "[lioudness  grows irregularly 
with intensity and is strongly influenced by frequency (Fletcher and Munson, 1933) but the 
underlying exponential relationship is well documented." Strictly, though, pitch and loudness have 
components that depend not only on F ) and intensity values, but also on phonemes, according to 
studies of many authors reported by Baken (1987, pp. 108-113, 125-126). 
If x 1 (t) and x 2(t) are the time outputs of a system H[] due to the inputs q 1 (t) and q 2 (t), respectively, 
the system is linear if and only if H[aq 1 (t) + b'q 2 (t)] = aH[q1(t)] + bH[q2(t)] = ax 1 (t) + bx 2(t), for 
arbitrary constants "a" and "b." This is the principle of superposition, which can be generalised in 
regard to the number of inputs. 
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Figure 4.1. Linear source-filter model. During phonation, the filter is excited by 
a sequence of air flow pulses with frequency F 0, with possible additive glottal 
noise of power o (other parameters, not indicated, are necessary for a full 
description of the sources). The transformation of the mouth output airflow, qo(t), 
into radiated acoustic pressure, x(t), is modelled by a "radiation impedance." F1-
F4 are the formants in H (f,), and F is the "glottal formant." 
including phonetic sciences, speech coding and speech recognition (e.g., Markel & 
Gray, 1976; Rabiner & Schafer, 1978; Furui, 1989; Ball, 1993). 
Referring to Figure 4. 1, two main airflow "sources" need to be considered in 
most applications of the model: (I) a laryngeal vibratory source that generates 
periodic air flow pulses during the production of voiced sounds, and (2) a noise 
source that is required for the production of many consonants, the noise being created 
due to constrictions anywhere in the vocal tract . 4 Noise induced by glottal chinks is of 
particular interest in the study of the breathy/whispery vocal quality. It is generally 
mentioned that turbulent noise is created when the Reynolds number, Re, is larger 
A transient source for the production of stop consonants was described by Flanagan (1972, pp.  56-
5), but this has not been incorporated in most speech analysis and synthesis methods (e.g., Markel 
& Gray, 1976; Klatt & Klatt, 1990). 
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than approximately 2100 (Papanastasiou, 1994, p. 29). Flanagan's (1972, P. 54) 
observation that "the spectral characteristics and inherent impedance of the noise 
source are not well known" seems to be still true. Experiments by Rothenberg (1974) 
suggested a mechanism of noise production "in which little of the noise at high air 
flow rates is produced at the glottal orifice, the air there remaining laminar to quite 
wide glottal openings. The noise would be produced instead by turbulent flow at a 
constriction elsewhere in the vocal tract" (p.  6). These results are somehow 
unexpected and seem to conform with the idea that a rotational air flow would lead to 
vortices which, in turn, would generate high frequency energy (see details in Teager 
&Teager, 1981, 1985). 
In the source-filter model, the "filter" generally represents the upper laryngeal 
cavities, being therefore primarily related to the oral tract and to the degree of nasal 
coupling at the velopharyngeal port. More refined modelling may account for 
subglottal cavities and the nasal tract (Flanagan, 1972, pp. 41-42). 
The "radiation impedance" indicates the frequency-dependent transformation 
of air flow in the lips and/or nostrils into radiated acoustic pressure. This is relevant, 
having in mind that (dynamic) acoustic pressure is the signal picked up by most 
microphones, as will become apparent in subsequent discussions. 
In summary, the source-filter model permits to express the output pressure in 
the frequency domain as 
X(f)=Q(f)•H(f).R(f), 	 (4.1) 
the terms of this equation being the spectra of the radiated acoustic pressure (X), of 
the volume air flow excitation (Q), of the filter transfer function (H), and of the 
radiation impedance (R). Some considerations on the model that appear relevant to 
The Reynolds number is a dimensionless parameter that can be interpreted as the ratio of the 




where V is the fluid average velocity (mis), p is its density (kg/rn 3 ), r is its coefficient of viscosity 
(kgs' m', or Pas), and d (m) is the tube's diameter. For air (200  C, I atm), Tj = 1.86x10 5 Pas. 
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voice disorders and the singing voice will be given below. 
4.3 ACOUSTICS OF THE GLOTTAL VOICE SOURCE 
4.3.1 Glottal formant 
During phonation, the vocal tract's excitation can be modelled by a periodic train of 
air flow pulses. From the properties of the Fourier transform, it is known that (1) the 
spectrum of a periodic pulse train consists of harmonics of the fundamental frequency 
and (2) the amplitude of the harmonics is determined by the envelope of the 
magnitude spectrum of the pulse, as has been suggested in Figure 4.1 (p.  137). 
In regard to its shape, the airflow pulse is skewed to the right (at least in the 
modal voice), mostly because the closing phase is faster than the opening phase. 6 
Some acoustic implications of the degree of asymmetry of the glottal air flow pulse 
have been studied theoretically by Fant (1979) and Flanagan (1972). 
Fant (1979, 1982) modelled the pulse using a raised cosine, 
q(t) = q 	[1 - cos {(t - T1  ) / T2 ], T1 :~ t T, 	 (4.2a) 
q(t) = q 	{ K cos[lt(t - T2 ) / T2 )] - K +1 }, T2 <t :!~ T3 , 	(4.2b) 
where q is the volume air flow (m3/s), t is time, q nax is the flow peak value, and K is a 
steepness factor (K = 0.5, ..., cc), T 1 , T2 and T3 being indicated in Figure 4.2. Among 
the findings of the study, he noticed a spectral energy concentration around F g = 
1/[2•(T2-T1)] that is largely independent of the steepness factor K. This frequency, F g, 
which relates to the duration of the opening phase, has been named glottal forinant by 
him. Another relevant observation is that (p.  100) "the spectrum level above F g is 
submitted to an almost parallel displacement upwards retaining a -12 dB/octave slope 
for K-factors between 0.51 and 4." These values seem to be characteristic of modal 
voices. Values for falsetto would correspond to an extreme -18 dB/octave (K = 0.50). 
The other extreme, -6 dB/octave (K —* oo), appears to be unrealistic in human voices. 
Although the dependence of the spectral slope with K values is highly non-linear in 
6 Rothenberg (1981) showed that the configuration of the supraglottal tract can also affect the pulse 
asymmetry. Details will be given in a subsequent discussion. 
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Figure 4.2. Glottal pulse. (a) Effects of the steepness of the closing phase (K) on 
the waveform (Equation 4). In the normalised time scale (tFg), T3 ranges from 
0.5 (i.e., 72) to 1.0; (b) corresponding spectral changes, according to the Fourier 
transform of equation 4 (see Fant, 1979, Equation 56, p.  99), using Fg = 125 Hz. 
this model, it shows quantitatively the enhancement of higher partials due to a faster 
glottal closure. 
4.3.2 Pulse asymmetry and glottal zeroes 
Flanagan (1972, PP.  232-245) used a simpler triangular shape to show that the 
symmetry of the pulse affects the position of its zeroes on the s-plane. He 
demonstrated that (1) when the triangular pulse is symmetrical, the corresponding 
(double) zeroes he on the imaginary axis at even multiples of 2it, and that (2) when 
asymmetry is introduced, the zeroes separate, one moving into the left plane and the 
other into the right plane (notice the deep valleys in Figure 4.2b when the pulse is 
symmetrical, i.e., K = 0.5). A consequence of the mobility of the zeroes is that they 
can nullify poles associated to resonances of the vocal tract, affecting thus the 
perception of speech. As was pointed out by Flanagan (1972, p. 243): "[f]rom the 
experimental standpoint there appears to be a relatively narrow vertical strip, centred 
about the ja-axis, in which a glottal zero has the potential for substantially influencing 
the percept." He also noticed, though, that (p.  243) "[un natural speech this region 
appears to be largely avoided through vocal-cord adjustments." 
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In fact, symmetrical or nearly symmetrical glottal pulses do not occur in modal 
voices. This may happen in falsetto or whispery/breathy voices (e.g., Rothenberg, 
1973) but, apparently, the acoustical implications of glottal pulse zeroes have not 
been studied in such conditions. In whispery/breathy vocal qualities, other factors 
such as turbulent noise induced by glottal chinks (Javkin, Hanson & Kaun, 1991), or 
interactions between supra- and subglottal cavities due to a greater glottal opening 
(Klatt & Klatt, 1990), also become relevant, as will be discussed later in this chapter. 
4.4 ON THE ACOUSTIC FILTER 
4.4.1 Formants 
To study the production of oral vowels, the supralaryngeal acoustic filter has been 
traditionally modelled in terms of its resonances, or formants. The frequencies, 
amplitudes, and bandwidths of the formants - or related representations, e.g., poles of 
the transfer function, LPC/cepstral coefficients - are primary features in many 
applications of speech technology, having been widely studied both theoretically (e.g., 
Flanagan, 1972, pp.  58-72; Markel & Gray, 1976; Fant, 1980) and experimentally 
(e.g., Peterson & Barney, 1952; Fujimura & Lindqvist, 1970). 
As is well known, the formant frequency values of the schwa, /o/, (500, 1500, 
2500, 3500 Hz, etc.), can be predicted from the quarter-wave resonances of a 
cylindrical tube 17.5-cm long, representing a male speaker, closed at the "glottis" and 
open at the "mouth," assuming also only longitudinal acoustic waves, no loss, and the 
air velocity of 350 m/s (humid air, 370  Q. In voice production, the assumption of 
only longitudinal wave propagation appears to hold for frequencies below 4 kHz, 
Regarding nasal vowels, it is known that nasal coupling can add spectral peaks and valleys, a peak 
or "nasal formant" around 250 Hz being an often mentioned acoustic feature (e.g., Castelli, Perrier 
& Badin, 1989; see also reviews about nasality in Layer, 1981, pp.  68-92; and Rooney, 1990; pp.  76-
138). Fant (1980, p.  85) stated that "[a]n essential characteristic of nasalization independent of the 
specific resonances added is the reduced F 1 [first formant] amplitude [ ... ]. What appears to be the 
sub-F 1 nasal formant is often a voice source feature [i.e., the "glottal formant"] which is relatively 
reinforced because of the F 1 reduction." Other resonances and anti-resonances depend on the degree 
of velopharyngeal coupling, on the vowel, and on the speaker's anatomy and health condition. 
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Figure 4.3. Formants. Average values for males and females. Top: frequencies 
and relative amplitudes (after Flanagan 1972, p.  154, based on data from 
Peterson and Barney, 1952). Bottom: formant bandwidths (after Dunn, 1961). 
according to measurements of standing-wave patterns obtained with a microphone 
array positioned inside the vocal tract (Fifth, 1986). The relative amplitude of 
formants and their bandwidths are affected by frequency-dependent losses inside the 
oral tract, and by the radiation features of the lips (see, e.g., Rabiner & Schafer, pp. 
62-74). 
Values for the frequency of the 3 lower formants (F 1 , F2 , and F3 ) of American 
English vowels are shown in Figure 4.3. A noticeable effect of articulatory settings is 
the change in F 2 's frequency, which rises and drops following the forward and 
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backward movement of the tongue. Similarly, F 1 's frequency follows the height of the 
tongue. The reader is referred to Lindblom and Sundberg (1971), and to Fant (1980) 
for details on acoustical correlates of articulatory movements. Parameters related to 
the second formant dynamics (e.g., the rate and amplitude of variation) have been 
used to evaluate motor disordered speech (Kay, 4341). 
Formants above F3 carry little phonetic information, but they seem to provide 
acoustic cues to anatomical features of the speaker. According to Ladefoged (1975, 
p. 178), "[t]he  exact position of the higher formants varies a great deal from speaker 
to speaker. They are not uniquely determined for each speaker, but they certainly are 
indicative of a person's voice quality." Interestingly, higher formants seem to have 
been neglected in studies of vocal quality and in systems for speaker identification or 
verification. 
4.4.2 Vocal tract input impedance 
In theoretical investigations of source-filter interactions, the oral tract can be 
represented as an acoustic impedance, Z r, defined as the ratio between sound 
pressure and air flow. The following simple approximation for Z r, based on a uniform 






Z 0 = p.cIA, 	 (4.3b) 
where x is the position along the tube, j = ,.J:i, f is the frequency, L is the length of 
the tube, A is the tube's cross-sectional area, c is the speed of sound, and Z 0 is the 
characteristic acoustic impedance of the tube. 8 Using typical values,9 the vocal tract 
8 The acoustics of a uniform tube of small cross-dimension "A" can be approximated by the 
equations (see Rabiner & Schafer, 1978, P.  59, and Kinsler et al., pp.  98-108): 
[p(x, t)] 	p 	[u(x, t)]a[u(x,  t)] 	A 	[p(x, t)] 
ax 
- 	=-• ,and — 	= 
A t 	 p.c 2 at 
where p(x,t) is the variation in sound pressure at position x and time t; u(x,t) is, similarly, the 
variation in volume air flow; p is the air density; and c is the speed of sound in the air. In analogy to 
electrical transmission lines, L = p/A is known as the per-unit-length acoustic inductance (or 
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X 106 	 Zotan(f/318) 
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Figure 4.4. Vocal tract's input acoustic impedance. As given by Equation 4.4 
(uniform loss-less tube, 17.5-cm long, closed at the "glottis" and open at the lips, 
assuming also ideal coupling with the air, i.e., no reflection). The vertical 
(imaginary) axis is the acoustic impedance. 
input impedance, as seen by the glottal source, becomes: 
Z T (0) j8xlO 5 .tan( j) [Pa .sim3 ]. 	 (4.4) 
3 1  
Notice that due to the loss-less assumption this impedance is purely reactive. The 
units Pa-s/m3 are also known as acoustic ohms (Kinsler et al., 1982, p.  231). 
Equation 4 is plotted in Figure 4.4 showing that the tube's input impedance tends to 
infinite at the resonant frequencies (i.e., 500 Hz, 1500 Hz, 2500 Hz, etc.). Possible 
interactions between the impedance Zr and the glottal source will be addressed later 
in this chapter. 
inertance), C = AJ(p.c 2) is the per-unit-length acoustic capacitance (or compliance), and 
Z0 = (IJC)' = pc/A is the tube's characteristic acoustic impedance. The ratio between the steady 
state harmonic solutions for p(x,t) and u(x,t), assuming an (ideal) zero load at the termination - see 
details in Rabiner & Schafer, 1978, pp.  62-66 - gives the acoustic impedance Z.r (Equation 4.3). 
P = 1.14 kglm 3 ; c = 350 rn/s (humid air, 37° C); A = 5 cm2; L = 17.5 cm (Flanagan, 1972). 
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Figure 4.5. Singing formant. (a) Curves of equal loudness for single, 
continuously sounding pure tones. IL is the measured intensity level, while the 
"loudness (orphon) level" of a certain tone is the sound pressure level (dB) of a 
tone of 1 kHz that is judged to be equally loud. Notice the marked sensitivity 
around 3000 Hz. Taking the lower curve as example, it shows that, in order to be 
detected by the ear (LL = 0), a tone of 30 Hz must have an intensity 60 dB 
larger than the intensity of a tone of 3 kHz. After Fletcher and Munson (1933). 
Figure continues. 
4.4.3 Singing Formant 
The singing formant, singer's formant, or vocal ring, is an important concept as far as 
trained singers are concerned. The singing formant has been described as a peak 
around 3-kHz observed in the spectra of vowels sung by Western male operatic 
singers (e.g., Winckel, 1971; Sundberg, 1974). Having in mind that the human 
hearing system is most sensitive at frequencies around 3 kHz (Figure 4.5a), these 
singers learn to adjust their vocal tracts to enhance the harmonics falling in this 
privileged range, projecting their voices above the orchestra's spectrum (Figure 4.5b). 
From the clinical point of view, the lack of the vocal ring in the singing voice of a 
trained singer may be an indication of a poor technique that can lead to vocal fold 
damage. 
Theoretical studies by Sundberg (1974) and videoendoscopic observations by 
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Figure 4.5. (continued) (b) Average spectra of a singer and of the orchestra. 
Notice the singing formant at = 2.5 kHz, which boosts the harmonics of the 
tenor's voice. Adapted from Sundberg(1977): The Acoustics of the Singing 
Voice, as reproduced in Bunch (1995, p.  98). (c) Sundberg 's acoustic model for 
the singer's formant. This model requires that the ratio between the areas of the 
laryngeal tube (AL) and pharynx (Ap) be Au'Ap < 116. 
Yanagisawa and colleagues (1989) suggested that the singing formant can be 
attributed to a small "tube" created in the larynx. This tube would depend on certain 
adjustments and dimensions of the vestibular folds, the rim of the epiglottis, the 
ventricles of Morgagni, and the piriform sinuses (Figure 4.5c). Sundberg (1974, p. 
838), suggested that if the area of the outlet of this laryngeal cavity into the pharynx 
is less than one sixth of the pharyngeal cross-sectional area, then "the larynx tube is 
acoustically mismatched with the rest of the vocal tract and an extra formant [at about 
3 kHz] is added to the vocal tract transfer function." It is emphasised, though, that 
Sundberg's (1974) model for the singing formant has not adequately explained some 
adjustments observed in some singers and may need refinements, as suggested 
elsewhere (e.g., Scherer, 1996; Watson, 1996). 
4.4.4 Subglottal cavities 
The acoustic features of subglottal cavities (i.e., trachea and lungs) become relevant 
with increased coupling due to glottal chinks. The spectrum of microphone signals 
may present extra spectral peaks and valleys. Formants (especially F 1 ) with increased 
bandwidths have been also reported (Klatt & Klatt, 1990; Fant, Kruckenberg & Nord, 
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1991). The exact influence in the output signal depends not only on the degree of the 
glottal chink but also on the spectral distance between oral and subglottal resonances 
(Hanson & Stevens, 1995). Reported values for subglottal formant frequencies (FSG) 
range from approximately 300-650 Hz (F s01 ), 1400-1600 Hz (FSG2), and 2000-
2400 Hz (FSG3), (Cranen & Boves, 1987; Klatt & Klatt, 1990; Hanson & Stevens, 
1995), discrepancies being attributed to differences in measurement techniques and 
speakers. 
Simulations and empirical observations by Hanson and Stevens (1995) 
revealed two prominent spectral correlates of subglottal resonances, as detected in 
microphone signals: (1) an extra peak around 1500 Hz (FSG2), when the oral formants 
are well separated from the subglottal resonances; or (2) the disruption of oral 
formant trajectories when they are close to subglottal resonances. As suggested by 
these authors, subglottal resonances may be associated to discontinuities commonly 
observed in formant tracking (see, e.g., Markel & Gray, 1976, pp.  164-189). 
It seems reasonable to speculate that a small contact quotient or a posterior 
glottal chink can lead to changes in the quality of the singing voice due to subglottal 
coupling. Such interferences are likely to be vowel-dependent, being also prone to 
occur at higher pitches, where closed-quotients tend to drop (Lindsey & 
Howard, 1989). Analysis of synchronised EGG contact-quotient time series and 
acoustic spectrograms may prove useful in the assessment of singers' complaints. 
4.5 THE RADIATION IMPEDANCE 
4.5.1 Frequency-dependence of the radiated acoustic power 
The last main feature of the source-filter model (Figure 4. 1, p.  137), is the radiation 
impedance, ZR,  which represents the transformation of air flow into radiated acoustic 
pressure. According to Flanagan (1972, pp.  36-38), the radiating features of the 
mouth and head can be approximated by expressions derived for the ideal condition of 
a vibrating piston set in an infinite baffle (see, e.g., Kinsler et al., 1982, pp.  176-181 
and 191-193), that is: 
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Figure 4.6. Radiation Impedance. Impedance functions, normalised to Z o, for a 
baffled piston. Equation 4.5 is a truncated form of the impedance functions for 
low ka values. Adapted from Kinsler and colleagues (1982, p.  192). 
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(4.5a) 
where k = 27cf/c, c is the velocity of sound, j2 = - 1, "a" is the radius of an equivalent 
circular mouth opening, and 
.7 	P.0 
L0_ 	2 1ta 
(4.5b) 
is the characteristic acoustic impedance of the mouth (in Pas/m 3 , or acoustic ohms). 
For the sake of reference, the exact radiation impedance is plotted in Figure 4.6. 
Notice the marked differences of the exact Re(ZR) and Im(ZR) at low and high ka 
values. Better approximations for ZR have been proposed elsewhere (see, e.g., Badin 
& Fant, 1984).b0 
The reactive part of ZR is associated to the effective mass of vibrating air at 
the lips, and can be interpreted as a lengthening of the vocal tract (Badin & Fant, 
10 Flanagan (1972, P.  36-37) suggested that the radiation impedance could be represented by a 
series-to-parallel transformation of Equation 4.5a. Remembering that a resistance R in series with 
an inductance L, is equivalent to a resistance K,, = R. (1+ Q2 ) in parallel with an inductance 
L = L, (1 + 1/Q2), where Q = 2,t.fLJR, Flanagan's expression for the radiation impedance may be 
oversimplified, though. His suggestion seems to imply that Q> 10 (whence R.,, =Q2.R5 and U,, = L,), 
a condition that will only occur, for example, for f < 727 Hz (/aJ, a = 1.3 cm), or f < 1891 Hz (/u/, 
a = 0.5 cm). 
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1984). However, the attention will be focused here on the acoustic resistance, 
Re(ZR), remembering that the radiated acoustic power is proportional to the real part 
Of ZR (e.g., Fletcher & Rossing, pp.  163-165). By noticing that Re(ZR) depends on 
the square of k• a, the approximation for the radiation resistance holds for k• a < 1. 
Assuming that the maximum mouth opening during vowel production occurs in Ia!, 
and considering an equivalent radius a = 1.3 cm (Flanagan, 1972, p.  37), the condition 
ka < 1 implies, in a conservative approach, that Re(Z R) is accurate for f < 4.27 kHz, 
independent of the vowel. 
To look at spectral features of the radiation resistance, Equation 4.5 gives 
Re(ZR) 
= 21"f2 20.47x10 3 •f 2 [Pa •s/m3 J, 	(4.6) 
f< 4.27 kHz 	c 
showing that, in the indicated frequency range, the radiation is independent of the 
mouth opening, being equivalent to a +6 dB/octave slope, that is, 10.log[(2O>].  The 
mouth is, therefore, an inefficient radiator at low frequencies. Having in mind that F 1 
is the formant with the largest amplitude in vowels, this partially explains why vowels 
with low F 1 frequencies (e.g., /uI) have less acoustic power than vowels with higher 
first formant frequencies (e.g., Ia!). 
4.5.2 Pre-emphasis 
When speech signals are processed digitally, the highpass characteristic of the 
radiation impedance is often simulated by the so-called "pre-emphasis" (e.g., Markel 
& Gray, 1976), 
ZR(z) = 1-0Cz', 	 (4.7) 
where a is a real number (0 < (x :!~ 1), z = j2llfll~ Fs being the sampling frequency, 
and 0:5 I fi < F /2. The magnitude of the frequency response of the pre-emphasis 
operation is therefore 
1/2 
ZR (e2 	) = 
 (I + a 2 - 2a cos(21c f / Fs )) . 	 (4.8) 
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Figure 4.7. Pre-emphasis. Low-frequency details of the magnitude of the 
frequency response of the pre-emphasis function (top curve: a =0.95; mid: 
a =0.98; bottom: a = 1.00). 
Equation 4.8 is plotted in Figure 4.7 (in dB) for typical a-values. Notice the 
+6 dB/octave spectral slope and the dependence of the low-frequency response on 
the a parameter. The compensation of radiation effects becomes particularly relevant 
when the glottal air flow has to be estimated from signals picked-up by pressure-
sensitive microphones, as discussed in the next section. 
4.6 GLOTTAL AERODYNAMICS 
4.6.1 Air flow and glottal area 
The glottal air flow can be estimated from glottal area waveforms obtained by means 
of high speed images (Flanagan, 1958), videostroboscopy (Koike & Imaizumi, 1988), 
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or photoglottography (Cranen & Boves, 1987).' Mathematical relationships between 
glottal airflow and glottal area have been derived (Flanagan, 1972 PP.  43-50) by 
modelling the vibrating glottis as a small cavity with depth "d" and a time-varying 
area determined by the width "w" and the length "1." Assuming that the subglottal 
pressure is constant, that the supraglottal pressure is clamped at the atmospheric 
pressure, and that there is no energy loss across the glottal depth "d," the Bernoulli 
equation becomes: 
=. Q 2 
'SG - Palm 2 (1.w) 2 
(4.9) 
where PSG  is the subglottal pressure, Pat m is the atmospheric pressure, p is the air 
density, Q is the air volume velocity, I and w defining the (time-varying) glottal cross 
sectional area. Assuming zero (i.e., reference) atmospheric pressure, the glottal 
volume velocity can be estimated from 
Q=I.w. PPSG , 	 (4.10) 
where p = 1.14 kg/m3 and PSG  mean values range typically from 5-10 cm H20 (= 0.5-
1 kPa) in modal voices (Hirano, 1981, p.  37). Notice that, within the approximations 
considered here, the volume velocity is proportional to the glottal area. Strictly, PSG 
has dynamic components that are also vowel-dependent (Koike, 1981). 
4.6.2 Glottal resistance 
Observing that the volume velocity and the subglottal pressure are in phase in 
Equation 4.9, an equivalent "glottal resistance," 	obtained under ideal loss-less 
conditions, can be defined as: 
R=-= pQ 
Q 	2•(I•w) 2 ' 
(4.1 la) 
H  In photoglottography (PGG), a bright light source is placed against the neck, enough light being 
passed across the tissues to be modulated by the glottal vibration and be detected by a photosensor 
positioned inside the mouth. The position of the source of light and the detector can be swapped. 
There is, though, some controversy about the validity of PGG due to differences observed between 
glottal areas obtained with this technique and with high speed laryngeal films (see details in Baken, 
1987, pp.  207-208). 
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Figure 4.8. Glottal airflow pulse. Volume velocity estimated from measured 
glottal areas using Equation 4.12, assuming a constant PSG = 8 cm H20. The 
calculated pulse lacks the skewing to the right due to the almost symmetrical 
projected glottal area. Adapted from Flanagan (1972, p.  49). 




showing explicitly that, for a constant subglottal pressure, the glottal resistance is 
proportional to the inverse of the glottal area. 
Viscous losses have been neglected so far in the discussions. Refinements in 
the estimation of the glottal resistance have been suggested by van den Berg, Zantema 
and Doornenbal (1957), based on measurements in a model of the human larynx, 
leading to the often cited empirical expression 
R = P12•11•d 0875 	p . Q 
g 	1 . W3 
	 2.(1w)2 
(4.12) 
that accounts for viscous losses. In Equation 4.12, T is the coefficient of viscosity of 
the air (1.86x10 5 Pa-s, at 20° C and 1 atm) and d = 3 mm is the glottal vertical 
dimension used in the model. Flanagan (1972, p.  45) observed that the viscous term is 
significant only for small areas (i.e., 1/5 of the maximum area). Figure 4.8 shows a 
volume velocity waveform calculated with Equation 4.12, based on glottal areas 
measured from high speed laryngeal films. Corrections for Equation 4.12 have been 
mentioned elsewhere (Anathapadmanabha & Fant, 1982, citing other researchers). 
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4.6.3 Non invasive estimation of the subglottal pressure 
The glottal resistance, as defined in Equation 4.11, may have clinical interest. 
However, direct measurements of subglottal pressure require elaborate and 
sometimes highly invasive procedures (e.g., tracheal punctures or small transducers 
being passed through the glottis; see Bless et al., 1992). Exploiting "the fact that 
pressure below and above the glottis is equalized during the closure period of 
voiceless stops" (Lofqvist, Carlborg & Kitzing, 1982, p.  633), an estimate of the 
subglottal pressure can be taken by measuring the intraoral pressure (P orai 
during the phase of voiceless stop production in such speech tasks as /pa pa pal. 
Moreover if the mean glottal air flow Q is also measured during the vowels, an 
estimate of the mean glottal resistance can be given by: 
R g ::Porai /Q. 	 (4.13) 
Considering that typical mean values for non-dysphonic speakers using modal 
voice are Q 142 mI/s (Baken, 1987, p.  302) and PSG = 5 cm H20 (Baken, 1987, p. 
272), expected R g values in non-dysphonic speakers would be of the order of 3.52 
acoustic megohms (i.e., Pa•slm3x 106).  Because R g depends on two measures, it may 
give misleading results in dysphonic patients. As has been mentioned elsewhere, the 
clinical value of the glottal resistance and aerodynamic measures (e.g., PSG)  remains 
to be verified (Hirano, 1981, p.  39; Bless et al., 1992). 
4.7 SOURCE-FILTER INTERACTIONS 
4.7.1 Supralaryngeal air column inertia and air flow pulse skewing 
It has been found that the configuration of the supraglottal vocal tract can interfere 
with the shape of the glottal air flow pulse due to the inertia of the supraglottal air 
column. Rothenberg (1981) used a simple analogous electrical circuit of voice 
production to study the influence of the lower formant frequency (17 1 ) on the glottal 
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Figure 4.9. Inertive vocal tract. Effect of increased inertance (L) on the glottal 
volume velocity skewing based on a simple model of voice production. 
According to Rothenberg (1981), who gives details on the scaling of the model, 
realistic situations would correspond to the normalised L = 0.2. He also derived 
the solutions: for 0 -s't -:!~ 1, q(t) = t/(L+1); for 1 -:~'t -:!~'2, q(t) = 
2 . L 	ilL 2—t 
12 _(2_ t) 
- L - 1' 
L - 1, or q(t) =[0.5 - ln(2-t)] .(2-t), L = 1. 
vibration as a symmetrical triangular waveform,  12  and represented the vocal tract as a 
single inductance (Figure 4.9). Rothenberg (1981, p.  306) stated that a single 
inductance representation "is valid at the fundamental frequency and lowest order 
harmonics, since it is these components which most strongly influence the overall 
waveshape of the glottal pulse" (see Figure 4.4, p.  144). The mathematical 
representation of a formant in terms of an equivalent inductance has been also 
justified formally by Anathapadmanabha and Fant (1982). 
As shown in Figure 4.9, Rothenberg's (1981) theoretical analysis suggested 
that increased vocal tract inertance can skew the airflow to the right. The importance 
of such skewing in the transference of aerodynamic energy into vocal fold vibration 
has been discussed in chapter 2. His experimental observations using estimated air 
12 Recall, from Equation 4.1 lb (p. 151), that the glottal resistance is proportional to the inverse of 
the glottal area. 
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Figure 4.10. F0-F1 tuning in the singing voice. Notice the notch in the glottal 
flow, q, when the supra glottal pressure, Due to the first formant (F], in the 
figure), Pin rises above the simulated sub glottal pressure (8 cm H20). F0-F1 
tuning retains the sharp closure and minimises airflow consumption. B], in the 
figure, is the first formant's bandwidth. Adapted from Fant (1986, p.  397). 
flow pulses indicated that this skewing seems to be more prominent in vowels close to 
Ial. This seems to disagree, though, with observations by Fant and 
Anathapadmanabha (1982, p.  173), who stated that "hi and /u/ have a somewhat 
steeper closure compared to other vowels", as might be expected from the increased 
inertance due to constriction to the back of the mouth. This discrepancy may be 
associated to the limited bandwidth of the glottal waveform in Rothenberg's (1981) 
study, as will be discussed in section 4.8. 
4.7.2 F0-F 1 tuning in the singing voice 
Fant and Anathapadmanabha (1982) and Rothenberg (1981a) showed that when the 
first formant time response is truncated by the next glottal pulse (i.e., when the F 1 
damping is small or F0 is relatively high), a "notch" appears in the glottal air flow. 
This type of source-filter interaction becomes particularly interesting when F 0 = F 1 , a 
situation that can occur in vowels sung by sopranos. Due to widely spaced harmonics, 
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sopranos often boost their voices by "tuning" their vocal tract 13  so that F 1 's frequency 
matches the fundamental frequency (Sundberg, 1975). This can obviously affect the 
intelligibility of sung vowels (Sundberg, 1979). Regarding the glottal air flow, it has 
been shown (Rothenberg, 1981a; Fant, 1986; Rothenberg, 1987) that F 0-F 1 tuning not 
only skews the pulse to the right (i.e., increases the excitation strength), but also 
introduces a marked notch ("ripple") in the pulse. This notch represents a decrease in 
the mean airflow, minimising thus air consumption. Pant (1986, p.  397) describes the 
F0-F 1 tuning as an optimum condition "for large output and low air consumption." 
4.8 GLOTTAL FLOW ESTIMATION BY INVERSE FILTERING 
4.8.1 Introduction 
An approach to estimate the glottal flow that has received a great deal of attention is 
the so-called inverse filtering method (e.g., Rothenberg, 1973; Fant, 1979; 
Ananthapadmanabha & Fant, 1982; Fant, 1986; Javkin, Antoflanzas-Barroso & 
Maddieson, 1987; Gauffm & Sundberg, 1989; Fant, 1993, 1995). The idea is to pick 
up an external voice signal and cancel the effects of vocal tract resonances in order to 
recover the glottal volume velocity waveform. Parameters similar to those described 
in chapter 3 (EGG) can therefore be defined and measured. Since such parameters 
have been discussed previously, they will not be considered here. 
If the oral air flow is recorded - by means of specially designed masks 
(Rothenberg, 1973) - then a calibrated, quantitative measure of the glottal volume 
velocity can be obtained. Although oral air flow signals can preserve low-frequency 
components down to 0 Hz, which relate to wide glottal gaps, the frequency response 
of currently used masks is limited to about 2 kHz (Rothenberg, 1973). Fine details of 
the glottal pulse may not be recovered in this relatively small bandwidth 
(Ananthapadmanabha, 1984). 
An alternative approach for inverse filtering is the processing of signals 
13  According to Titze (1994a, p.  231), "[b]y  lowering the jaw (and perhaps raising the larynx 
slightly)." See also Lindblom and Sundberg (1971). 
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picked-up by pressure-sensitive microphones, but the radiating effects of the lips must 
be cancelled with an inverse pre-emphasis. The main advantages of using microphone 
signals are a simpler instrumentation and a wider signal bandwidth. On the other 
hand, the glottal volume velocity amplitude cannot be calibrated and low-frequency 
pressure changes in the recording room (e.g., due to ventilation) can be detected by 
the necessary high quality microphones (Javkin, Antoñanzas-Barroso & Maddieson, 
1987). To minimise phase distortions, analogue signal processing hardware with 
linear phase responsç is necessary. Also, low frequency distortions can be introduced 
by the integration associated with the pre-emphasis. 
Although analogue hardware and semi-automatic methods have been used to 
perform the inverse filtering (e.g., Rothenberg, 1973), a description based on a digital 
signal processing approach that appears appropriate for automatic processing is given 
here, following a comprehensive discussion by Javkin, Antoñanzas-Barroso, and 
Maddieson (1987). 
4.8.2 A possible automatic approach 
Assuming that a microphone signal has been digitised at the rate Fs, the oral volume 





where z = 	0 :!~ Ifl <FI2, the constant a having been discussed in connection 
with Equation 4.7. The above equation has an undesirable low-frequency dependence 
on a, as seen in Figure 4.7 (p. 150), or by making z = 1 (i.e., f = 0). This problem is 
partially overcome by redefining the inverse pre-emphasis, including a normalising 
factor that provides a unit gain at zero frequency independently of a: 
1—a 
IZ R (z)_. 	 (4.15) 
l-a•z 
Having obtained the oral volume velocity, as above, the formants can be 
cancelled by a cascade of (inverse) digital resonators (Rabiner & Schafer, 1978, p. 
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Figure 4.11. Glottal flow by inverse filtering. IR(z) is the inverse radiation 
impedance (Equation 4.15) and IH(z) is the cascade inverse vocal tract (Equation 
4.16). IH(z) is tuned with formant frequencies (F) measured with LPC methods, 
and with formant bandwidths (bw) based on empirical data (e.g., Figure 4.3, 
bottom part). The signals x(n), qo(n), and q(n) are the discrete versions of the oral 
output pressure, oral output volume velocity, and glottal volume velocity, 
respectively. 
N  1—Az' +B•z 2 Q(z) = 
	 , 	 (4.16a) 
Q,, (Z)k=1 	 C 
where the constants A, B, and C are 
A = 2•exp[-m . bw(k)/F5] . cos[27tF(k)/F], 	(4.16b) 
B = exp[-21t . bw(k) / Fs ], 	 (4.16c) 
C=1—A+B. 	 (4.16d) 
In the above equations, N is the number of formants, bw(k) is the two-sided 3-dB 
bandwidth (Hz) of the kth formant, F(k) is its frequency (Hz), and F 5 is the sampling 
rate (Hz). Notice that, in the cascade representation, the formants' amplitudes are not 
necessary (Fant, 1956, as cited by Klatt 1980, p.  972). Formant frequencies are 
usually estimated automatically by means of LPC techniques, as is well known (e.g., 
Markel & Gray, 1976; McCandless, 1974). Formant bandwidths obtained with LPC 
are not accurate for inverse-filtering purposes (Javkin, Antoflanzas-Barroso, and 
Maddieson, 1987, P.  126), and empirical values such as those presented in Figure 
4.3b (p.142) are used instead. It has been mentioned that inverse filtering is 
particularly sensitive to the first formant bandwidth (Hertegrd, Lindestad, & Gauffm, 
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1994). A summary of this inverse filtering procedure is presented in Figure 4.11. 
4.8.3 The LF Model 
Many researchers prefer to work with the differentiated glottal air flow (e.g., 
Fant, 1986; Gauffm & Sundberg, 1989; Gobl & Chasaide, 1992), an approach that 
circumvents the problems with the integration inherent in the inverse pre-emphasis. A 
de facto reference is the so-called LF Model (Fant, Liljencrants & Lin, 1985), which 
models the differentiated air flow by means of four main parameters (Figure 4.12), 
namely (1) the time at which the (non-differentiated) air flow reaches its peak, Tp; 
(2) the time of maximum rate of air flow decrease, Te; (3) the magnitude of maximum 
rate of decrease, Ee; and (3) a time constant, Ta, related to the rate of flow decrease 
during the final part of the closing phase. The segments of the differentiated air flow 
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Figure 4.12. LF Model for the differentiated airflow. The four main parameters 
(Tp, Te, Ta, Ee) define an exponentially growing sinusoid (0 -!! ~ t.!~ Te), and a 
relatively fast "recovery" phase (Te :57 t :!~ Tc), where Tc is the closure instant. 
The values in the figure were based on Fant, Liljencrants and Lin (1985). 
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E(t) = E 0 . e at. sin( itt/Tp), 0:5t: ~ Te 	 (4.17a) 
E(t)= 	
Ee [etT _etcT], Te !!~ t :5Tc 	(4.17b) 
c•Ta 
where Tc is, in practice, set to the fundamental period (1/F 0), E0, a, and E, being 
derived from Ta, Tp, Te, and Ee (see Fant, Liljencrants & Lin, 1985, for details). 
Some transformations of these 4 parameters have been also proposed (e.g., Carlson et 
al., 1989; Fant, 1995). Notice that Tp is equivalent to the instant T2 in the glottal 
flow model of Figure 4.2 (p.  140), so that the glottal formant becomes F g = 1/(2.Tp). 
A main limitation of this inverse filtering approach is the need for a semi-automatic 
interactive procedure of parameter estimation (Fant, Liljencrants & Lin, 1985). It has 
been said that "tuning of filters is more or less subjective and that the procedure 
requires skill and time" (Hertegrd, Lindestad, & Gauffm, 1994, p.  118). A fully 
automatic method, on the other hand, is prone to gross errors. 
From the above discussions, it appears that air flow estimation from inverse 
filtering is still limited to research laboratories, and care should be taken when 
applying the method for clinical purposes. To conclude this overview on acoustic 
analysis, a brief discussion on LPC is given below. 
4.9 ON THE LINEAR PREDICTION OF SPEECH 
4.9.1 Introduction 
Linear predictive coding of speech signals, LPC (Markel & Gray, 1976; Rabiner & 
Schafer, 1978, pp.  396-461), is certainly the most successful application of the linear 
source-filter model. As a particular case of Wiener filtering (e.g., Orfanidis, 1988), 
linear prediction can be interpreted as an optimal estimation of a signal (in the least 
square sense) using a delayed version of the signal as reference. LPC can also be seen 
as a whitening filter whose coefficients can be transformed to provide estimates of 
formants, oral tract area functions, reflection coefficients in concatenated tube 
models, or cepstral coefficients (Markel & Gray, 1976; Rabiner & Schafer, 1978; 
Furui, 1989). 
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Given M past values of the discrete speech signal [i.e., x(n-k), 1 :! ~ k :9 M, n 
being an integer multiple of the sampling period], LPC gives the best linear estimate 
of the present sample x(n) in the least-square error sense. In the usual formulation of 
the problem (e.g., Rabiner & Schafer, 1978), the coefficients of prediction are 
determined by minimising the error e 2 (n) (the bar indicating an average over n), 
obtained from 
M 
e(n) = x(n) - a(k) . x(n - k), 	 (4.18) 
k=1 
where a(k) is the kth coefficient of prediction. This leads to a set of linear equations, 
a(k).R 1k =—R l , 1!~ 1:5M, 	 (4.19) 
where R1k is the (measured) autocorrelation of x(n) with lag 1-k. Equations 4.19 can 
be solved recursively for a(k); details on such algorithms and on the estimation of the 
autocorrelation coefficients, assuming that the voice signal is ergodic within the 
analysed interval, are given elsewhere (e.g., Markel & Gray, 1976). 
4.9.2 Order of the model in dysphonic voices 
Considering only oral vowels (i.e., an all-pole vocal tract model), Equation 4.18 can 
be seen as an all-zero filter mathematically optimised to nullify the spectral peaks, that 
is, 
E(z)=1+ a(k). z _k . 	 (4.20) 
Provided that the order M is properly chosen, the oral tract frequency response can 
be thus approximated by: 14 
" To match the LPC-derived spectrum with the DFT (discrete Fourier transform) of the signal, 
Equation 4.21 requires a time-varying multiplicative factor G ("gain") related to the prediction 
2 M 
coefficients by (see Rabiner & Schafer, 1978, pp.  404-407 for details): G = R(0) - 	 a(k). R(k), 
k=1 
the terms of this equation having been defined in Equations 4.18 and 4.19. This gain is equivalent to 
the factor "C" in Equation 4.16, remembering that this equation represents an inverse vocal tract. 
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H(z) = 	
1 
M 	= M 	
1 
, 	 (4.21) 
1I a(k). Z _k 	fl[1—p(k)z'] 
	
k=I 	 k=1 
where p(k) is a root of the prediction polynomial, E(z). Remembering that two 
complex conjugate poles of H(z) are necessary to model a formant, Equation 4.21 
shows that M should be at least twice the expected number of formants in the signal 
bandwidth. In practice, between 2 and 4 extra coefficients are added to compensate 
for other less clear factors that may include, possibly, the glottal formant, F g (see 
discussion on Equation 4.2, p.  139). 
A few aspects may become relevant when defining the order of LPC models in 
dysphonic voices, though. This appears to be particularly relevant when high sampling 
rates are used. Observing that rates up to 44.1 kHz are available in most sound 
acquisition cards currently commercialised, a bandwidth of approximately 20 kHz can 
be effectively digitised. Although formant amplitudes are likely to be negligible in the 
two upper thirds of this band, glottal noise energy can be significant. This high 
frequency energy can, therefore, lead to inaccurate allocation of zeroes (as far as 
formant estimation is concerned) in the prediction error filter. It seems advisable to 
limit the signal bandwidth to about 5 kHz when estimating lower formants in 
dysphonic voices. 
4.9.3 Limitations in high-pitched voices 
Formant frequencies can be determined from the poles p(k) of H(z) or from the peaks 
of the magnitude spectrum, IH( e 2 '' )I. Notice that the prediction error filter 
(Equation 4.18) is an FIR (Finite Impulse Response) filter, so that its coefficients 
specify the whole frequency response (Oppenheim & Schafer, 1975, pp.  96-103). To 
calculate IH( 	)I for formant estimation by peak-picking, the spectrum is 
obtained, in practice, with an FF1' (Fast Fourier Transform) algorithm, having zeroes 
appropriately appended to the impulse response of the prediction error filter to 
achieve the desired spectral resolution, that is, 
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1 
H(k) = M 	
1 	
=> H(k) = M+R 	 (4.22) 
0:5 k:5 M 	a(n) Wnk 	0!5k ~ M+R 	 Wnk M M+R 
n=0 	 n=0 
where k is an integer, Wm = e j2 I'M determines the spectral resolution, a(0) = 1, and 
a(n) = 0 for M < n :!~ M+R. It should be remembered that formant estimates from 
children's or high-pitched female voices may not be accurate because of widely 
spaced harmonics, leading to poorly defined formant peaks (Huggins, 1980; 
Schoentgen, 1989). In the time domain, this can be seen as the overlap of successive 
vocal tract responses due to closely spaced glottal excitations. 
4.9.4 Increasing the reliability of formant tracking 
It is common to make gross errors when performing automatic formant estimation 
from LPC spectra (Markel & Gray, 1976, pp.  164-190). Broad and Clermont (1989) 
described an interesting approach for obtaining formant estimates based on linear 
combinations of LPC cepstral coefficients,' 5 emphasising nevertheless that "[t]he 
method is not highly accurate, but it is robust in that large errors from misidentified 
peaks are rare." (p.  2016). Their approach appears useful for improving the reliability 
of automatic formant tracking, if used as a detector of gross errors. 
4.9.5 LPC residue, cepstrum, and dysphonias 
The LPC residue (error) signal of oral vowels, Equation 4.18, presents sharp spikes at 
the beginning of glottal periods, this feature being commonly exploited for F 0 
estimation (Markel & Gray, 1976). It has been suggested (Markel & Gray, 1976, pp. 
267-271; Davis, 1979) that the amplitude distribution of the residue would be useful 
for the evaluation of pathological voices, but the idea has not received much 
attention. Cepstral peaks have been similarly studied. Remembering that the cepstrum 
of voiced signals has a marked peak at the time abscissa associated with the 
fundamental period (Noll, 1967), the amplitude of such peaks has been shown to 
15  The cepstrum, that is, the Fourier transform of the logarithm of the magnitude of the spectrum, 
can be estimated recursively from (Market & Gray, 1976, PP.  229-230): 
- (n - k) 
c(n)=—a(n)— 	•c(n-k)a(k),n>0, 
k=1 n 
where a(0) = 1 and a(k) = 0 for k > M. 
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decrease in case of vocal fold pathologies (Koike, 1986; Koike & Kouda, 1988). 
However, the relationships between the amplitude of the cepstral dominant peak and 
the degree of disorder are not simple, making the "quantitative analysis of the length 
(sic.) of the peaks rather complicated" (Koike & Kouda, 1988, p.  80). 
4.10 PRACTICAL (AND CONTROVERSIAL) ISSUES 
The state of the art of multimedia technology provides certain standards, as far as 
computers and signal acquisition cards are concerned, observing that differences 
between manufactures may still exist. In regard to software packages, a few marketed 
systems (see review by Read, Buder & Kent, 1992) implement a number of acoustic 
analysis procedures of clinical interest. There are, though, critical issues concerning 
the acquisition, recording, and analysis of dysphomc voices that a clinician should be 
aware of. The remainder of this chapter provides an overview of such topics. 
4.10.1 Phonatory Tasks 
Many phonatory tests for the evaluation of dysphonic speakers, including sustained 
vowels, phonatory glides, passages, and simple tunes, have been described in the 
literature (e.g., Robinson, 1993; Titze, 1994). It has been said that "[a]lmost everyone 
is in agreement that the tasks must reveal control of pitch, loudness, and some aspect 
of vocal quality" (Titze, 1994, p.  3). 
Connected speech. This stimulus is used in many schemes for perceptual 
analysis of vocal quality (e.g., Layer et al., 1981). Read passages are a compromise 
between the naturalness of conversational speech and desired standards. In English 
speaking countries, the Rainbow Passage (Fairbanks, 1960) is probably the 
commonest text in use for perceptual evaluation of vocal quality. In this writer's 
opinion, this phonetically balanced text, usually read with a monotonous pitch, may 
not be a good choice for the assessment of phonatory disorders. A passage focusing 
on voiced sounds that also induces F0 inflections may be more appropriate (see also 
Appendix A2). Reduced Fo-range in continuous speech may indicate, for example, 
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impairment in the laryngeal muscles responsible for the vocal folds' longitudinal 
tension. 
Sustained vowels. Computerised analysis of dysphonic voices is still limited 
to sustained vowels. Even so, there is a lack of reliability in some objective measures 
- particularly jitter and signal-to-noise-ratio - when applied to sustained vowels of 
dysphonic speakers (Hillenbrand, 1987; Rabinov et al., 1995; Bielamowics et al., 
1996). In regard to the duration of vowel-type stimuli, it has been suggested that 
mean values of acoustic perturbation measures may need about 190 fundamental 
cycles to stabilise in dysphonic speakers (Karnel, 1991), as few as 30 cycles being 
apparently sufficient for non-dysphonic voices (e.g., Titze, Horn & Scherer, 1987). It 
is emphasised that these "analysis window" lengths have been proposed for cycle-to-
cycle perturbation measures. A total of 190 cycles corresponds to a 3.2-second 
sample, considering a low 60-Hz fundamental frequency. In this writer's opinion, 
short recordings may not capture intermittent aspects (e.g., unvoiced intervals, 
modal-to-falsetto or modal-to-creaky transitions) found in dysphonic voices. Also, 
disorders associated with poor breath control may not be properly evaluated because, 
in these cases, abnormalities tend to occur towards the end of a long phonation 
(Figure 4.13). 
Pitch glides and pitch jumps. Some phonatory tasks other than sustained 
vowels have been included in the protocol used for speech and voice acquisition 
(Appendix A2), but they have been only superficially investigated during the course of 
this research. One task that was simple to implement and appears useful in a voice 
clinic is the alternation of a low and a high-pitched Ia! vowel (an octave jump at a rate 
of = 0.5 Hz). Phonatory breaks at the higher pitch, or during the transition, were 
commonly seen among the speakers studied here (Figure 4.14, p.167). As might be 
expected, patients with unilateral paralysis of the recurrent nerve tended to have 
difficulties in the high-pitched segment, where a poor F 0 control or unvoiced/breathy 
spells were observed. An 17 0-range below the required octave was also commonly 
seen. 
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Figure 4.13. Abnormalities towards the end of sustained vowels. (top): marked 
changes in the levels of jitter during phonation. Notice the variations between 1.5 
and 2.5 seconds, approximately, and the intermittent behaviour after= 4 seconds. 
The arrow indicates a segment affected by F o-halving error during the automatic 
tracking. (bottom): spectrogram, from a patient with functional dysphonia, 
showing intermittent breaks in the harmonic structure and interharmonic noise 
after 4.5 seconds. Vocal tremor also occurred after = 4 seconds, as seen in the 
undulation of the harmonics. 
Phonetogram. The phonetogram, or voice range profile (Damsté, 1970; 
Titze, 1994a, pp.  234-238), is a more sophisticated procedure for the evaluation of 
the vocal capabilities that seems particularly useful for singers. This voice profile 
displays the upper and lower limits of vocal intensity as a function of the fundamental 
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Figure 4.14. F0 alternation task. Data from a patient referred by her singing 
teacher, who perceived a "click" in the transition between certain notes. The 
arrows (top) indicate visible abnormalities in the acoustic signal and (bottom) the 
corresponding phonatory breaks in the F0 contour. Notice the vibrato in the 
patient's voice. Despite the use of anaesthetic spray, the videoendoscopic 
examination could not be carried out due the patient's gag reflex. 
frequency (Figure 4.15). This figure shows that (1) the sound intensity and range 
reduce at the lowest frequencies (this being partially caused by the lip radiating 
features); and (2) the intensity range is larger around the centre of the F 0 range. 
The conditions for the existence of oscillations in the two-mass model can be 
useful to explain some features of the phonetogram. Remember that the existence of 
vibrations in this model (Equation 2.18) requires that the equivalent aerodynamic 
stiffness ((D = P sG ldIh)' 6 be within a certain range. As discussed in chapter 2 (pp.  42-
43), low (1)-values are associated with lax voices (i.e., low PSG  and low F0), while high 
(D-values relate to tense voices (high PSG  and high F0). In other words, "at low 
frequencies, the vocal folds must be very lax. This means that the lung pressure 
6 Where PSG  is the subglottal pressure, I is the glottal longitudinal length, d is the glottal depth, and 
h is the glottal gap. See Equation 2.14 (p.  40). 
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Figure 4.15. Phonetogram. Average voice range profile (/o/ vowel) of 10 non-
dvsphonic male speakers (left) and 10 non-dvsphonicfenale speakers (right). SPL 
is the sound pressure level. Based on data from Gramming (1988), as reproduced 
by Titze (1994a, pp.  238-239). 
cannot be too large; otherwise, the vibration pattern would be uncontrolled ( ... ). At 
extremely high F 0 , the vocal folds can become so tense that almost no motion is 
possible, even with maximum physiologic lung pressure" (Titze, 1994a, p.  237). The 
positive correlation between PSG  and F0 is also seen in the phonetogram. 
Finally, it is emphasised that the shape of the phonetogram can vary 
considerably from speaker to speaker and across vowels. Because a significant 
amount of time (10-45 minutes, Bless et al., 1992) can be necessary to complete a 
phonetogram, this procedure could not be inserted into the clinical protocol used in 
this research. 
Maximum phonation time. Phonatory tasks can be used to roughly evaluate 
aerodynamic aspects of voice production. The maximum phonation time (MPT) of 
sustained vowels is one of the most used vocal tests, according to Hirano's (1989) 
world survey. The maximum phonation time is actually difficult to measure (Kent, 
Kent & Rosenbek, 1987), being affected by such factors as the speaker's sex, age, 
stature, motivation during the test, and the type of instructions given to the speaker. 
In clinical practice, a well known rule-of-thumb (Hirano, 1981, p.87) says that a MPT 
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S/Z ratio. The ratio between the durations of the maximum phonation of the 
Is! and /z/ consonants (i.e., the s/z ratio) is often mentioned as a possible way to 
distinguish between inadequate respiratory support and inadequate laryngeal valving. 
Observing that "phonation" is the distinctive articulatory feature between /s/ and /z/, 
the rationale is that laryngeal disorders would cause air leakage during Iii, reducing 
its duration and leading, therefore, to a larger s/z ratio. The s/z ratio would also 
compensate for intrasubject variabilities. It has been suggested that this ratio would 
be approximately 1.0 in healthy speakers, the ratio being mostly above 1.4 in case of 
nodules, polyps, and functional dysphonias (Eckel & Boone, 1981). Values compiled 
by Kent, Kent, and Rosenbek (1987, p.  372) show that mean normative values for 
non-dysphonic speakers can range from 0.70 to 0.99. These authors also pointed out 
that (p.  372-373) "the s/z ratio and the maximum durations on which it is based are 
highly variable. This variability must be considered in clinical application of this task." 
In this research, the s/z ratio could be obtained for 179 speakers. The 
corresponding histograms, separated into two groups, are shown in Figure 4.16. 
Although there appears to exist a certain increase in s/z ratios for the group II, the 
data in this figure appears to have little clinical value. It should be observed, though, 
that the /s! and /z/ were recorded after three maximally sustained vowels (Appendix 
A2), so that the patients' motivation may have been diminished. This suspicion had 
actually emerged in the early stages of data collection. Notice, in Appendix A2, that 
the order of the sustained vowels and the consonants was changed in the final version 
,Iz ratio 
	 liz ratio 
Figure 4.16. S/Z ratio. (left) 32 patients mostly with "no abnormality detected;" 
(right) 147 patients suffering from various laryngeal pathologies. 
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of the Vocal Task Protocol because it was felt that a better "co-operation" during the 
vowels would have more value. 
4.10.2 Microphones 
The effects of microphone type (condenser vs. dynamic), pattern (omnidirectional vs. 
cardioid) and placement (distance and angle) on voice perturbation measurements, 
basically jitter and shimmer, have been studied by Titze and Winholtz (1993). They 
suggested that the analysis of sustained vowels would require (p.  1189) "a 
professional-grade cardioid or condenser microphone a few centimeters from the 
mouth, at 45° or 90°." Their study showed that (1) low quality microphones can 
introduce marked phase distortions in the signal, being a potential source of errors in 
time-domain F0 extraction algorithms; (2) artifactual perturbations increase by 
approximately an order of magnitude when the mouth-to-microphone distance varies 
from 4 cm to 1 m; (3) the angular orientation of the microphone introduces artifactual 
perturbations only at large (say, 1 m) distances; and (4) the minimum value of 
artifactual jitter and shimmer occurred at a short distance (4 cm) and a zero-degree-
angle. The recommendation of a laterally positioned microphone is a compromise to 
avoid aerodynamic artifacts (plosives, low-frequency drifts) that can affect recordings 
at short distances. 
When close-talking microphones are used to pick-up signals for air flow 
estimation by inverse filtering, the inverse pre-emphasis (Equation 4.15) may not be 
adequate. This happens because the underlying approximations seem to have been 
derived for a far-field approximation, that is, large distances from the mouth (Kinsler 
et al., 1982, p.  176-182). Unfortunately, near field expressions are not easy to derive 
and this writer is not aware of any related study. 
The signals analysed in this research were picked-up with a headset condenser 
microphone (Shure SM-bA), laterally positioned at about 4 c from the mouth 
(Figure 3.9, p. 81), the patients being seated in a sound-proof booth. The background 
noise inside the booth, as read in the VU-meter of the DAT recorder, was below 
-60 dB. The internal dimensions of the chamber were relatively small (91x91x199 
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cm3 ) and a few recording sessions had to be cancelled due to high temperatures inside 
the booth during an exceptionally hot summer in 1995. 
4.10.3 Recorders 
It is well known that analogue tape recorders introduce phase distortions in speech 
signals, leading to artifactual perturbation measures (e.g., Huller, 1985, pp.  272-278). 
In digital recording systems, this can be caused by analogue anti-aliasing filters with 
non-linear phase response. However, most current speech acquisition systems use 
sigma-delta converters (e.g., Aziz, Sorensen & Spiegel, 1996), where simple RC anti-
aliasing filters and high oversampling rates at the initial stages of conversion lead to 
negligible phase distortion. 
In the currently accepted methodologies for speech and voice acquisition 
(Titze, 1995, p.  28), a "16 bit A/D converter or DAT recorder is recommended, but 
this must be accompanied by conditioning electronics (amplifiers, filters) that have 
signal-to-noise ratios in the 85-95 dB range [...]." This recommendation is backed by 
a study by Doherty and Shipp (1988), who suggested that differences between 
perturbation measures obtained from (1) signals resampled from a DAT's analogue 
output and (2) signals directly digitised into a computer "are so slight that the two 
procedures may be considered equivalent" (p. 489). Portable DAT recorders are an 
attractive method for field-work data acquisition. Another possible alternative is the 
so-called Minidisc (Sony®) that seems to introduce little artifactual voice 
perturbations, apart from a 10-dB decrease in the SNR, as compared to a DAT 
recorder (Winholtz, Titze & Lange, 1995). 
In digitising dysphonic voices, special care should be taken to avoid waveform 
clippings. Wrench and co-workers (1992) described a calibration measure for 
microcomputer-based voice acquisition where the gain of the sound card internal 
amplifier was adjusted according to intensity measurements extracted from a test 
utterance. In the research described in this thesis, speech and voice signals were 
recorded with a DAT (Sony 55 ES) and relatively little time was available for optimal 
calibration of the amplitude dynamic range in each task. This can actually be difficult 
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in dysphonic speakers owing to the intermittent behaviour of their voices. 
Nevertheless, by asking the patients to produce short Ia/ vowels before starting the 
recordings, an estimate of the maximum intensity could be easily obtained. It was also 
found that, in general, clippings in sustained vowels could be practically eliminated by 
keeping the mean recording level (as read in the DAT's VU meter) around -6 dB. 
Occasionally, patients with hard glottal attacks required a lower - 12 dB mean level to 
avoid clippings at the onset of phonation. The later mean recording level was also 
used for connected speech recordings. 
4.10.4 Marketed Speech Analysis Systems 
Seven commercially available speech analysis systems were compared by Read, Buder 
and Kent (l992).' More recent launchings include Kay's (3700) Multi-Speech, Tiger 
Electronic's (Seattle, USA) Dr. Speech Science, and the Evaluation Vocale Assistée 
(EVA) System (Soremed, Aix-en-Provence, France). In regard to "how well such 
systems agree with each other," the study of Read, Buder and Kent (1992) indicated 
that the reviewed systems performed similarly as far as spectrographic analysis is 
concerned. However, the authors pointed out that (p.  35): 
"[t]he most troublesome application for the systems reviewed here was 
that of fundamental frequency analysis. Extraction of the fundamental 
frequency of a speech signal remains a challenging task [ ... ]. Users who 
intend to apply these systems to pathological voices, or to the voices of 
children and women, should be forewarned of the likely failure of the 
fundamental-frequency extraction algorithms [ ... ]. Accurate f 0 tracking is 
vital to measures of perturbation, especially vocal jitter [ ... ]. Improved 
algorithms for fundamental-frequency extraction are obviously needed." 
Considering that the extraction of many source-related parameters of interest 
in a voice clinic requires precise F 0 estimation and that known algorithms have been 
shown to be inadequate for the analysis of dysphonic voices (Bielamowicz et al., 
1996), this problem will be further investigated in the next chapter. 
17 (1) CSpeech, version 3.1, by Paul Milenkovic, Madison, WI; (2) CSRE (Canadian Speech 
Research Environment) version 3.0, by Donald Jamieson, London, Ontario; (3) DSP Sona-Graph, 
Model 5500, by Kay Elemetrics, Pine Brook, NJ; (4) /LS-PC (Interactive Laboratory System), 
version 6. 1, by Signal Technology Inc., Goleta, CA; (5) MacSpeech Lab II, version 1.7, by OW 
Instruments, Cambridge, MA; (6) MSL (Micro Speech Lab), version 3.0, by Software Research 
Corp., Victoria. BC; (7) Signalvzc, version 1 .2. by InfoSignal Inc., Seattle, WA. 
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4.11 CONCLUSION 
This chapter provided an overview of clinically relevant topics on the acoustics of 
voice production. Having the source-filter model as reference, a number of concepts 
and acoustic phenomena were described, including subglottal formants, the singing 
formant, and source-filter interactions. The discussions showed that inverse filtering 
still requires significant improvements for reliable use in voice clinics. The chapter's 
final discussions addressed practical issues on the acquisition of voice samples, 
including the design of phonatory tasks for the practical evaluation of vocal problems. 
Fundamental frequency estimation is certainly the "Achilles' heel" of 
automatic dysphonic voice analysis. Measures for clinical use seem to require either 
highly precise F0 extraction or, on the other hand, almost F O-independent methods. 
The former approach was adopted in this research because it was felt that a better 
understanding of the laryngeal behaviour could be gained. The remaining chapters will 
concentrate on the implementation of an acoustic F 0 tracker for dysphonic voices, on 




Analysis in Dysphonic Voices 
5.1 INTRODUCTION 
As reviewed in the previous chapter, studies about the clinical applicability of acoustic 
analysis have indicated that (1) known acoustic measures can separate dysphonic 
from non-dysphonic speakers, but the differentiation of pathologies does not seem 
feasible; (2) known acoustic measures may have a certain correlation with perceptual 
ratings of vocal quality; and (3) known acoustic measures are valid for the 
longitudinal monitoring of patients. Despite these common trends, the unreliability of 
current perturbation measures in the analysis of dysphonic voices becomes evident 
when results from ostensibly equivalent methods are confronted. 
The evaluation of commercially available packages by Read, Buder and Kent 
(1992), as already quoted in section 4.10.4 (p.  172), indicated that available 
algorithms for fundamental frequency (F o) estimation in dysphomc speakers are 
inadequate for perturbation analysis purposes. In a recent study, Bielamowicz and co-
workers (1996) extended a previous investigation by Rabinov and colleagues (1995) 
and compared acoustic measures (mean F 0, jitter, shimmer, and signal-to-noise ratio) 
174 
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obtained by their semi-automatic system and by three marketed software packages.' 
The stimuli were sustained Ia/ vowels from 50 speakers whose degree of dysphonia 
ranged from mild to severe in a 1-5 scale. These authors concluded that (p.  134): 
"poor correlations between programs using similar measures of 
perturbation were noted. Differences in shimmer values are probably due 
to differences in algorithms [i.e., mathematical expressions]. Differences 
in values of jitter and HNR/SNR [harmonics/signal-to-noise ratio] are 
probably due to differences in F 0 marking and to differences in algorithms. 
Values of many analyses are probably invalid." 
Because the true value of the perturbations in real voices is, strictly speaking, 
unknown, it is not possible to affirm whether any of the four analysis systems studied 
by Bielamowicz and colleagues (1996) provided measures consistent with the 
underlying irregularities in vocal fold vibration. However, their findings are a clear 
illustration of the difficulties in analysing real dysphonic voices. 
Methodological aspects affecting the accuracy of automatic acoustic 
perturbation measures (particularly jitter, shimmer, and signal-to-noise ratio) have 
received significant attention in recent years (e.g., Hillenbrand, 1987; Titze, Horii & 
Scherer, 1987; Deem et al., 1989; Titze & Liang, 1993). A major limitation of most 
systematic studies has been the use of synthetic signals and artificially produced 
modulations. Synthetic stimuli permit better controlled experiments but still fail in 
faithfully reproducing all important details found in real voices. Although experiments 
using synthetic stimuli will be reported in this chapter, an effort has been made to use 
real voices and electroglottographic (EGG) recordings to assess the performance of 
the implemented algorithms. 
This chapter deals with the primary clinical need for reliability in the analysis 
of dysphomc voices. Accurate F 0 tracking, a sine qua non for most perturbation 
measures, is discussed in section 5.2, where three time-domain F 0 detection 
algorithms that appear appropriate for dysphonic voice analysis are described; two of 
these methods (i.e., the fully automatic algorithms) are also evaluated experimentally 
CSpeech (version 4.0, P. Milenkovic, WI, USA); Computerized Speech Lab (CSL, Kay Elemetrics, 
Pine Brook, NJ, USA); and SoundScope (ver 1.09, GW Instruments, Cambridge, MA, USA). 
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in this section. Modifications in one of these algorithms (Schafer-Vincent, 1983) were 
introduced to obtain cycle-to-cycle perturbation measures, described in subsequent 
sections. Similarly to the previous chapter, distributions for a population of 228 
dysphonic speakers2 are provided. F0 instability is partially discussed in section 5.3; a 
more detailed analysis of jitter, probably the most critical of the "traditional" 
perturbation measures, has been left to the next chapter, though. Shimmer, a 
relatively simple parameter to measure (provided that F 0 estimation is free from gross 
errors, especially period doublings and halvings) is addressed in section 5.3, along 
with vocal tremor. Section 5.4 is devoted to signal-to-noise ratio (SNR) measures. A 
simple SNR algorithm based on a cycle-to-cycle time-domain comb filter is proposed 
and evaluated. This section also addresses aspects on the synthesis of vowel-like 
stimuli for the evaluation of perturbation analysis algorithms. A simple experiment on 
the perceptual assessment of vocal quality is described in section 5.4. 
5.2 F0 ESTIMATION IN DYSPHONIC VOICES 
5.2.1 In favour of time-domain algorithms 
The automatic determination of the fundamental frequency of phonation in speech 
and voice signals is an apparently simple problem that has, ironically, challenged 
hundreds of algorithms. The majority of the proposed methods (see reviews, e.g., in 
Rabiner et al., 1976; Rabiner & Schafer, 1978; Hess, 1983; or Bagashaw, 1994) 
extract a single F0 value from a short-time window, usually 20- to 40-ms long, after 
transforming the raw signal into other domains and analysing such prominent features 
as: 
Peaks of the autocorrelation function (Rabiner & Schafer, 1978, pp.  141-
149); 
Valleys of the "anti-correlation" function (i.e., the average magnitude 
2  The total number of acoustic recordings (228) is slightly different from the total number of EGG 
recordings (222) because technical problems (a flat battery) impeded some EGG recordings. Another 
similar problem, a flat battery in the pre-amplifier of the acoustic channel, also impeded the 
acquisition of acoustic signals from a few patients. 
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difference function, AMDF; Ross et al., 1974); 
Cepstral peaks (Noll, 1967); 
Peaks of the autocorrelation of the LPC residue (Markel, 1972); 
Spectral harmonics (Harris & Weiss, 1963; Schroeder, 1968); or 
The rejection frequency of adaptive notch filters (Jang, Chicharo & 
Ribbum, 1992). 
The above methods may fulfil the needs of such areas as linguistics or low-
rate speech coding, where the identification of individual glottal cycles seems 
unnecessary, but are unable to track fine cycle-to-cycle details associated with voice 
disorders. There is a certain consensus, as suggested by the F 0 detection algorithms 
used in many related studies (e.g., Layer, Hiller & Hanson, 1982; Titze, Horli & 
Scherer, 1987; Deem et al., 1989; Titze & Liang, 1993), that time-domain F 0 
extraction methods are more suitable for dysphonic voice analysis. Two 
"wavematching" algorithms and one "event-based" algorithm are described next. 
5.2.2 Wavematching techniques 
5.2.2.1 Milenkovic method 
Although F0 estimation methods based on the autocorrelation function or on the 
AMDF (Ross et al., 1974), for example, can be regarded as wavematching strategies, 
the "wavematching" label appears to be associated with methods that compare 
adjacent glottal cycles using a least mean square error criterion. The algorithm of 
Milenkovic (1987) is often mentioned in the literature of acoustic analysis of voice 
disorders. In this method, the waveform of a sustained vowel is modelled by 3 
x(n) = p(n) + e(n) , 	 (5.1) 
where n is an integer multiple of the sampling interval, x(n) is the acoustic voice 
signal, p(n) is its quasi-periodic component, and e(n) models an aperiodic ("error") 
component. The quasi-periodic term is further represented as 
p(n) = K(n 0 ).p(n-t), 	 (5.2) 
To conciliate with other discussions in this thesis, the notation used here may slightly differ from 
the notation in the original paper. 
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where K is a real number that accounts for shimmer, n o is the reference sample 
position within the signal, and 'c = int(FsJF0) is the nearest integer corresponding to F 0 
at the sampling frequency F 5 . 
Defining the mean square error as MSE = E[e 2(n)], where E[] denotes 




{-2K E[x(n) x(n - t)] + E[x 2 (n)] + K 2 E[x 2 (n - 'r)] }. (5.3) 
Instead of minimising this equation, Milenkovic (1987) used a related expression in 
which the expectations in Equation 5.3 are replaced by the inner products of the 
vectors associated with two consecutive and equal-length periods, that is: 
E 0= l 2 {2K. x T. y  + x•x +K 2 . Y 
 T . 
Y) 	 (5.4a) 
where 
X 	= [x(n 0 -'t), ...,x(n), ..., x(n c )], 	 (5.4b) 
= [x(n 0  -2'r-l), ..., x(n), ..., x(n 0 -t-1)], 	 (5.4c) 
I denotes transposition, 'r is an initial estimation of the fundamental period, and n o is 
the reference sample. 5 Milenkovic (1987, p.  530) stated that the "values of K and 
[c] that minimize E0 are approximations to the values that minimize MSE" provided 
that the signal is bandlimited and ergodic, and 'r is close to the true value. In order to 
find the minimum of Equation 5.4a, he started with a manual estimate of 'r, 
determining K by means of a closed-form expression derived from EJK = 0, that 
is: 
K(r) = R + (1 + R)"2 , 	 (5.5a) 
' Using Equations 5.2 and 5.3 and assuming that (1) e(n) is a zero mean stationary process, and 
(2) E[e(n).e(n ­c)] = 0, for t close to the real fundamental period. 
Note that this equal-length assumption causes imperfect matching of adjacent cycles at high jitter 
levels (Titze & Liang, 1993). 
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R(t)= 	
1 	
[ x T .x -y •y], 	 (5.5b) 
2•x .y 
where 'r is the length of the periods. By varying 'r over ±10% of the initial 'r estimate, 
K('r) is determined and substituted into Equation 5.4. The value of 'r that minimises E 0 
is defined as the optimum integer period To improve time resolution, Milenkovic 
fitted a parabola to the minimum sampled value of E 0, determining a correction term 
3(T0 ), 0 :!~ 101 !~ 1, and the interpolated fundamental period, T int, that is:: 
Tint = T0 + P(Topt 	 (5.6a) 
E 0  (T0 + 1) - E 0  (T0 - 1) 	
(5.6b) 
E 0  (T0  +1) -2• E 0  (T0 ) + E 0 (T0  —1) 
Finally, the interpolated values of K and E 0 are calculated using a parabola to 
find the respective corrections, [jl: 
= K(TOP ) + P[(K(Topt 	 (5.7a) 
EOint =E 0 (T0 )+ 3[E0(T0 )], 	 (5.7b) 
where 
1K(Topt 
2 	 m 
+ 1) + K(TOPt - 1) 
- K(Topt)] . Tin t  + 
(5.7c) 
K(TOP  + 1)- K(TOP 
- 1 )1 
2 	
•T 0  K(Topt  
[ 	
), 
13[Eo(T0t)] being similarly defined. These interpolated values are by-products that can 
be used to estimate the instantaneous jitter, shimmer, and SNR values: 6 
I Tint (no) -  Tint  (no - 
Jitter = 	 x 100%, 	 (5.8) 
• [T1 (n 0 ) + T 0  (n 0 - Top fl  
6  Equations 5.8 and 5.9 are based on the first order perturbation function (Titze & Liang, 1993) 
adopted in this thesis. Milenkovic (1987, p.  532) used other definitions for jitter and shimmer: 
Jitter = IT1(n0) - T1 (no - T0 )I, and Shimmer = I100(1-K)I. 
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Milenkovic's (1987) algorithm 
Set n0 ; 
Give an initial manual estimate ('r)of the fundamental period; 
loopt 
Calculate K (Equation 5.5); 
Calculate E0 (Equation 5.4) for candidate periods ('r ± 10%); 
Find the candidate period (T 0 ) that provides minimum E0 ; 
Interpolate T0 (Equation 5.6); 
Interpolate K and E 0 (Equation 5.7) 
Calculate perturbation measures (Equations 5.8-5.10); 
Update 'r estimate: 'r := T 0 ; 
Shift: n0 := no + T; 
I 
Figure 5.1. Pseudo-code for Milenkovic's (1987) algorithm. See text for details. 
I1—K 1 I 
Shimmer= 	 xl00%, 	 (5.9) 
-(I+ K 1 ) 
SNR =10 log(xT . x / Eo 1 ). 	 (5.10) 
Milenkovic (1987) claimed that his method, summarised in Figure 5. 1, 
provides accurate fundamental period estimation even at relatively low sampling rates 
(say, 8 kHz). The algorithm has practical limitations, though. Firstly, it requires a 
manually determined "seed" of the fundamental period. Secondly, it cannot cope with 
unvoiced segments and fundamental period halvings or doublings commonly found in 
dysphonic voices. 
The "Super Resolution" algorithm described by Medan, Yair, and Chazan 
(1991) has similarities with Milenkovic's (1987) algorithm, but is based on a more 
elegant solution of the least mean square error fitting problem. The Super Resolution 
algorithm is fully automatic and incorporates a voicing detection strategy for use in 
connected speech. This algorithm, described next, has been evaluated in this research, 
using an implementation by Bagshaw (1994). 
The post-processor ("enhancement") designed by Bagshaw (1994) was not used. 
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5.2.2.2 Super Resolution algorithm 
In this method (Medan, Yair & Chazan, 1991), the fundamental period is estimated 
by minimising a normalised cross-correlation coefficient between two equal-length 
adjacent segments. Assuming a generic discrete time n o and two adjacent segments x 
and y (as defined in Equations 5.4b-c), successive glottal periods were also modelled 
as amplitude-modulated versions of each other, that is: 8 
x = K(n 0 ).y + e 	 (5.11) 
where K is a real positive number and e is the aperiodic "error" vector. By denoting 
the components of x and y as [x 1 , ..., X, ...XT] and [Yi, ..., y1 , ...y], respectively, the 
optimal integer period, To p,, is defined as the value of 'r that minimises the following 
normalised squared error function (i.e., a noise-to-signal ratio): 
—K(n 0 )•y]2 
1 ' 
T0 = argmin 	= T 	 (5.12) 
c,K(n0 )>O 
j= 1 
where Tmjn and Tmax set practical limits for 'r. A closed-form expression for K(n o) can 
be obtained from aNK = 0, leading to the cost function: 
J = 1 - p(x, y), 	 (5.13a) 
(x - Y) 
P , (X, y) 	
j=I 
= __ _____ 
. 	 (5.13b) 
T mm 	- .~ t<TITLW( 	
I(x)2.(y)2 
Having in mind that the cross-correlation coefficient (Equation 5.13b) is 
linlited to ±1, the minimisation of the cost function is thus equivalent to the 
maximisation of Equation 5.13b. This optimisation can be carried out by evaluating 
Equation 5.1 3b over the range [Tmin , Tmax] and searching for the maximum. 
In practice, two aspects become relevant. Firstly, to reduce the computational 
8  The notation used here may also slightly differ from the notation in the original paper. 
Chapter 5 - Time-domain Perturbation Analysis 	 182 
load, a down-sampled signal can be used. Medan, Yair, and Chazan (1991, p. 45) 
stated that "it was found that decimating a low-pass version of the signal to 2-4 kHz 
(i.e., L = 2 - 4 at 8-kHz sampling rate) may suffice [ ... ]." Secondly, many local 
maxima of the cross-correlation function can occur, the global maximum being not 
necessarily the correct value. Local maxima can happen, for example, at multiples and 
submultiples of the fundamental frequency. Medan, Yair, and Chazan (1991) used an 
empirical approach to solve this problem, by (1) finding the candidate periods 'r ('r < 
'tmax) associated to the local maxima of p(x,  y) that exceed a certain threshold, and 
(2) applying a test to select the optimum T op, value. To reduce errors due to multiple 
and fractional fundamental period candidates, the candidates are sorted in increasing 





Tmax 2 t max 	
2 x) 	(x") 
In regard to this expression, Medan, Yair and Chazan (1991, p.  43) stated that: 
"[t]he true pitch period ... is characterized by a high correlation 
coefficient between two segments of arbitrary length r spaced [one] pitch 
period apart, as long as 'r is not too long. Multiple pitch estimates also 
share this property. However, the spurious maxima of px, y) resulting 
from subperiodicities within the pitch period do not have this property, 
unless they occur at an exact submultiple of the true pitch and are at 
constant magnitude. It is therefore natural to choose the correlation 
interval 'r for eliminating such spurious pitch values, to be the largest pitch 
candidate [rmax]. In order to eliminate both types of erroneous pitch 
candidates, multiple and fractional pitch periods, the candidates ... are 
assessed in increasing order of ... [r]." 
The integer period Top, is thus taken as the first candidate 't (evaluated in 
ascending order) for which Equation 5.14 exceeds an empirically determined 
threshold. If no candidate is found, the analysed segment is considered unvoiced and 
the reference sample no is shifted. In the present research, the shift was given by 
inside voiced intervals, and by an integer corresponding to 5 ms, inside unvoiced or 
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silent intervals. The threshold mentioned above was adjusted dynamically by (Medan, 
Yair & Chazan, 1991; Bagshaw, 1994, P.  54) 
0.88, 
Th(n0) = {max[o.75; 0.85 xp old. (T0 )], 
if previous frame is unvoiced / silent 
if previous frame is voiced 
(5.15) 
where pold. (T.Pt  is the cross -correlation coefficient (Equation 5.14) associated with TM 
the previously estimated integer period. 9 
Having determined the optimum integer period (T 0 ), the time resolution is 
improved by using an interpolated signal y(no + 0), 0 :!~ 3 < 1, obtained from a linear 
combination of two vectors delayed by a single sample, that is, 
	
y(n 0 +3)=(1-3).y(n 0 )+3.y(n 0 +1), 	 (5.16) 
where y(n 0 ) = [x(n0 - 2T0 - 1), ..., x(n), ..., x(n0 - T0 
- 	l)] The optimum 
value of P is found by maximising the normalised cross-correlation function between 
y(n0 + 13) and x(n 0 ) = [x(n0 - T0), ..., x(n), ..., x(n 0 )] T , leading to:' ° 
= p[x(n ), y(n + 1)]• I y(n0 )12_  p[x(n 0  ), y(n 0 )] p[y(n 0  ), y(n + 1)], (5. 17a) 
A+B 
where 
A=p[x(n 0 ),y(n 0 +1)].{Iy(n0)12—p[y(n0),y(n0  +1)]}, 	 (5.17b) 
B = p[x(n 0 ),y(n 0 )] . {I y(n0 + 1)1 2 _ p[y(n 0 ),y(n 0 + 1)]), 	 (5.17c) 
The values in Equation 5.15 (Bagshaw, 1994) are slightly different from those reported by Medan, 
Yair and Chazan (1991). These settings seem to depend on the sampling rate (Medan, Yair & 
Schazan, 1991, p. 43). Bagshaw's (1994) sampling rate (20,000 Hz) is close to the frequency used 
here (22,050 Hz). 
Note that the maximisation of the cross-correlation between x(n 0) and y(no+) is equivalent to the 
minimisation of their angle. If R is the subspace spanned by the columns of Y = [y(n0), y(no-i-1)], 
then y(n 0+3) E R. From the Orthogonal Projection Theorem (e.g., Vaccaro, 1995, pp.  41-42), the 
projection of x(n0) onto R is given by d = Y (yT.y)1 YT.x(n0) = b1 -y(n0) + b2 -y(n0-4-1), whence b 1 and 
b2 are determined. The value of P is then chosen so that y(n o+3) is parallel to d, that is, 
(1-0)/3 = b 1 /b2 . See further details in Medan, Yair and Chazan (1991). 
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Super Resolution algorithm 
iQp{ 
Find min[x(n)] and max[x(n)], no - 2Tm a,  -1 :~ n :!~ no  
if(Imin[x(n)]I + Imax[x(n]I <240) { 
Frame is silent; 
Shift: no := no + F5 5 ms; 
else 
Calculate cross-correlation coefficients p(x,y); Equation 533b 
Find all local maxima, pO; 
T0 := -1; 
for(all local maxima, in ascending magnitude oft) 
{ 
if(Ptmax(t) > Th(n0) { 	 Equations 5.14 and 5.15 
Frame is voiced: T0 = 
Calculate 3; 	 Equation 5.17 
Calculate Tint ; Equation 5.18 
Update Th(no); 	 used in Equation 5.15 
Shift: n0 : = no + T01,; 
break; 
if (T0 is equal to -1) { 
Frame is unvoiced; 
Shift: no := no + F•5 ms; 
Figure 5.2. Pseudo-code for the Super Resolution algorithm. See text and 
Medan, Yair and Chazan (1991)for details. 
1y01 2 =I [y.]2 and  pfl  is defined in Equation 5.13b (the subscript T 01 has been 
omitted in Equation 5.17 for simplicity). 
The interpolated fundamental period is then 
Tint = T0 + 3. 	 (5.18) 
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Medan, Yair and Chazan (1991, P.  43) observed that, in practice, P "may fall outside 
the interval [0, 1) ... when the integer pitch [T 0 ] ... deviates by one sample from the 
true value." In such cases, T,,pt is incremented by one, when 1, or decreased by 
one, when 13 <0. 
Refer to the original paper for further details concerning the implementation 
of the algorithm, which is summarised in Figure 5.2. This pseudo-code also includes a 
simple pre-test for silence detection (Bagshaw, 1994, pp.  52). In this test, the 
threshold of 240 units corresponds to a signal-to-noise power-ratio of = 49 dB, that 
is, 10.log[(2 16/240)2], assuming a 16-bit analogue-to-digital (AID) converter. 
Similarly to the EGG F0 detection algorithm described in chapter 3, the output 
in the implemented algorithm was a co-ordinate pair (time, F 0), unvoiced intervals 
being indicated by a single mark (-1, -1). The performance of the algorithm will be 
presented in a subsequent section. Next, details on the other F 0 detection method 
investigated in this research are given. 
5.2.3 Event-based method 
In Schafer-Vincent's (1983) algorithm, computationally expensive numerical 
optimisation methods are replaced by knowledge-based rules. Despite being relatively 
old, this algorithm is little known. Hess (1983, p.  220), in his broad study about F0 
determination in speech signals, actually mentioned an earlier related publication 
(Schafer-Vincent, 1982) which, unfortunately, does not provide enough details. I 
became aware of Schafer-Vincent's (1983) algorithm in 1989. This method proved to 
be more reliable and remarkably faster - at least for low-rate speech coding 
purposes - than other "traditional" algorithms" (Violaro, 1991). 
The rules described by Schafer-Vincent (1983) implement a kind of empirical 
correlation to (1) identify and (2) link pairs of glottal pulses, which he called "period-
twins." As shown in Figure 5.3, a period-twin is delimited by three consecutive 
" For example, Cepstrum (Noll, 1976), AMDF (Ross et al., 1974), Autocorrelation (Rabiner & 
Schafer, 1978), and LPC-based methods (Markel & Gray, 1972). 
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ti 	 t2 	 t3 
2 m 
Figure 5.3. Basic principles of Schafer-Vincent's (1983) algorithm. Significant 
peaks (SP) are indicated by dots (.) and period-twins (PT) are represented by 
segments (—) joining three SPs of the same polarity. 
"significant points" of the same polarity at the generic instants ti, t2, and t3. A 
positive significant point, SP (and similarly, a negative SW) is the maximum sample 
in a running window (±2 ms) which establishes the maximum detectable F 0 (i.e., 
500 Hz). 
Part I: Detection of period-twins. The algorithm, as implemented here, 12 
operates in a loop where every sample x(n) is initially passed through a simple test: 13 
Test 3: "not silence" detector 
if(Ix(n)I > 600) then {x(n) is not within a silent interval} 
where the silence threshold (600) corresponds to = 2% of the maximum sample in a 
16-bit A/D converter. This threshold is not critical as far as accuracy is concerned, 
but may affect the processing time. Schafer-Vincent (1983) used a threshold of 5 
units, corresponding to 0.24% of the maximum magnitude in a 12-bit A/D converter. 
Having passed this test, the algorithm checks whether the sample is a 
significant point, according to the simplified pseudo-code in Figure 5.4. To reduce the 
effects of occasional waveform clippings, the comparisons in the present 
implementation were asymmetrical, that is (taking the positive case as example), a 
sample x(n) should be larger than x(n-i) but larger than or equal to x(n+i), 0 <i !~ N, 
12  A highly modified version of an earlier implementation of the algorithm (Violaro 1991a). 
13  The test numbers correspond to the numbering in the original paper. Other symbols and pseudo-
codes in this section may differ from those in Schafer-Vincent (1983). 










x(n) <0 and x(n) :! ~ x(n+i) and x(n) <x(n-i), 0 <i :! ~ N) 
x(n) is a SP; 
return TRUE; 
} 
else return FALSE; 
Figure 5.4. Significant point detection. "N" is an integer corresponding to 
500 Hz, the maximum fundamental frequency detectable by the algorithm. 
to be a SP; a symmetrical test (i.e., "< >") will result in no peak for clipped 
waveforms. 
If a sample is a significant peak, five tests are applied to compare the newly 
detected SP with up to 20 past SP-values in order to identify period-twins. The SPs 
at the generic instants t 1, t2, and 0 (where 0 is the instant of the new SP) will be 
recognised as period-twin delimiters if they have the following properties: 
Test 1: The instantaneous F0 values associated with the intervals between t 1 
and t2 (02) and, similarly, t23, are above 50 Hz; 
Test 2: A measure of jitter is less than = 10%; 
Test 4: The SPs are the largest samples ("envelope") in the period-twin; 
Test 5: A (rather unusual) measure of shimmer is less than 50%, this threshold 
being "a compromise to separate incidental amplitude variations of the 
glottal pulses and a strong first formant at twice the fundamental 
frequency" (Schafer-Vincent, 1983, p.  182); and finally, 
Test 6: The waveforms of the period-twin are "similar." 
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MM 
Schafer-Vincent's (1983) algorithm 
alive—pointer := NULL; used in Part II 
append_flag := FALSE; 
loop— ( PARTI. 
if (Ix(n)I > silence threshold) { test 3 
if (significant_pointO) 
t3 := n; set t3 
for (all SP(k) : k < t3 and sign(SP(k)) = sign(x(n))) { search for t2 
if(t3-k <20 ms) { test] 
t2 := k; 
for (all SP(j): j <t3 and sign(SP(j)) = sign(x(n))) { search for ti 
if(0.9_<_(t3-t2)I(t2-j) < 1.1) { test 2 
if(t2,t3 and j,t2 "envelop" all intermediate SPs) { test 4 
if(0.5< 	
SP(t2) 	
<2.0){ test  
[SP(t3)+SPa)11 
if (waveforms between t2,t3 and j,t2 are similar) { test 6 or 6a 
ti :=j; 
F0 (0) := 1.0/(t3-t2); 1 
• 	 accepted period-twin r LL) 	1.UILLL1), J 
updateO; PART II 
append—flag := link() { 
if 
 
(append—flag is TRUE) break; 
if (append _flag is TRUE) break; 
} 
Figure 5.5. Schafer-Vincent's (1983) algorithm. This figure and the text 
complement each other. "Part II" is described in pp.  191  if 
A simplified code showing the use of these tests is given in Figure 5.5. Other details 
in this figure will be given in subsequent discussions. 
The similarity Test 6 has been modified in this research. In Schafer-Vincent's 
(1983) approach, each of the intervals 02 and t23 is initially divided into 8 "slots" 
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Test6a() 
NormAbsDif := 0.0; 
E:=(t3–t1)"Ix(t1) + x(t2) + x(t3)I; 
a := (t3 - t2 - 1)/(t2 - ii - 1); 
for (z := ti; z < t2; z := z + dec_factor) { 
w=(mt)(a.(z-tl)+t2)); 
NormAbsDif := NormAbsDif + Ix(z) - x(w)I; 
NormAbsDif := NormAbsDifIE; 
if (NormAbsDif < 0.14/dec_factor) return TRUE 
else return FALSE; 
Figure 5.6. Proposed Test 6a. This test is faster than the original test and did not 
deteriorate the performance, as will be shown in section 5.2.4. 
which are 1/8 of the length of the corresponding period. A measure of the intensity of 
each slot is then compared with the average magnitude ("am") of the whole related 
period, leading to an average magnitude variation ("amy") as illustrated below for the 
interval t12:' 4 
1 
amv 12 (j)= 	. 	 Ix(n)I–am 12 , 	 (5.19a) 
1!~ j!~ 8 	t12/8 ne slot j 
t2-1 
am 12 =— 	Ix(n)I. 	 (5.19b) 
t12 n=tl 
The waveforms are considered "similar" when the variation of magnitude in 
corresponding slots across the two parts of the candidate period-twin is 
approximately the same, that is, 
8 
Iamv 12 0)–amv 23 0)I < 6 1 	 (5.20a) 
j=1 
14  Equation 5.19 is defined in a slightly different way by Schafer-Vincent (1983, PP.  182-183). This 
original form was used in the implementation, a simplified form being shown here for the sake of 
clarity. 
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8 	 8 
Iamv 12 0)I -4-Iamv 23 0)I 
o =j=1 	
2 
j=I 	 (5.20b) 
Experiments conducted here indicated that Test 6, the least called test, 
consumed approximately 30% of the loop time. The mere elimination of Test 6 
resulted in excessive voiced-to-unvoiced errors. An alternative Test 6a (Figure 5.6, p. 
189) has been designed that compared the waveforms in a simpler way. This 
comparison is carried out by using a linear time alignment between the intervals t12 
and t23 to calculate an absolute difference of amplitudes (which is normalised to a 
gross estimate of the signal energy, E, of the candidate period-twin). If the normalised 
difference is less than an empirically determined threshold (0.14), the candidate is 
accepted. 
Due to the relatively high sampling rate used in this research (22,050 Hz) and 
to the close resemblance between the two parts of the period-twin candidates that 
reach test 6a, a decimation factor (dec_factor) may be used in the comparison. The 
dependence of the normalised processing time on this decimation factor is illustrated 
in Figure 5.7a. Voiced-to-unvoiced errors (which were the main problem avoided by 
this test) are shown in Figure 5.7b. This figure seems to suggest that even the 
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Figure 5.7. Effects of the decimation factor (Test 6a). As estimated in connected 
speech from one male (M) and one female (F) speaker. Program execution time 
normalised by the utterance duration. Decimation factor defined in Figure 5.6 


























Figure 5.8. Allocation of processing time. The modified algorithm (Test 6a, 
decjactor = 2) was, on average, = 30% faster than the original algorithm, as 
measured in connected speech ("The Traveller and the Dog," Appendix A2) of 8 
female and 7 male speakers. The mean processing time of the modified 
algorithm was 58% (normalised by the utterance's duration) over the 15 
speakers, this ratio being slightly higher in females due to the higher F0 values. 
A PC (486-DX2, 30 MHz) and the C language were used in the experiments. 
did not increase significantly at high decimation-factor values. However, a 
conservative value (dec_factor = 2) was used in the experiments. 
The allocation of processing time among the parts of Schafer-Vincent's 
(1983) algorithm is shown in Figure 5.8. The modified algorithm was approximately 
30% faster than the implementation of the original method. The "chaining" mentioned 
in Figure 5.8 is described next. 
Part II. Chaining of period-twins. Having successfully identified a new 
period-twin (PT), the algorithm updates a 100-position buffer of PTs, as will be 
explained later in this section. Next, another set of rules tries to create a new chain of 
PTs or expand existing chains. The following definitions are relevant: 
Chain is a linked-list in the buffer of PTs (representing possible voiced 
intervals), joining two or more period-twins; 
To link is to attach a new PT to the right end of an old PT (or chain). 
In terms of programming, PTs are objects with attributes related not only to 
the corresponding significant points, but also to the chaining process. Attributes 
include (1) the previous PT to which a PT may be linked; (2) the indication whether a 
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PT is the right end of a chain; or (3) the distance between an old PT and the newly 
detected PT. For the sake of simplicity, programming details were kept to a minimum 
in the following explanations which, hopefully, will add to the comprehension of the 
original algorithm. A detailed pseudo-code is found in Schafer-Vincent (1983), who 
also introduced the jargon for the algorithm features. 
Supposing that the onset of a voicing segment is being analysed and the 
second period-twin has been just identified, this new PT will be linked to the previous 
PT if: 
Conditions 1 (to initiate a chain or expand a "non birthready" chain) 
All PTs are composed by significant points (SP) of the same polarity; 
The new PT has at least one SP in common with the old PT (or chain); 
and 
There is "similar duration" between the new PT and the old PT (or chain) 
that is, 0.86 :!~ t2301d/tl2 :!~ 1.16, where t23otd relates to other non-linked 
PTs or to the PT at right hand side of a chain; t12 relates to the new PT. 
Conditions 1 are relatively severe "in order to get more safety and not to start off 
with complicated situations" (Schafer-Vincent, 1983, p.  188). They are applied to 
verify whether the new PT can be linked to a "loose" PT or to a chain without the 
birthready attribute, that is: 
Conditions 2 (birthready) 
The chain is longer than 30 ms; 
The chain is longer than 2.8Xt23o1d, where t2301d relates to the PT at the 
right hand side of the chain; and 
There are 3 or more period-twins in the chain. 
The conditions for linking a PT to a chain with the birthready attribute are less strict 
and do not depend on the polarity of the PT: 
Conditions 3 (linking PTs to birthready chains) 
1. There is similar duration, as defined in Conditions 1 (item 3); and 
2. There may exist a small gap between the new PT and the right hand side 
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of the chain, that is, gap : ~ 1.1xt12, where gap = ti - t3old, t12 and ti 
relating to the new period-twin. A negative gap indicates overlap between 
the new and the old period-twins. 15 
Many chains can exist simultaneously in the PT-buffer and compete, but only one (or 
none) is allowed to be alive. Regarding the alive attribute, 
Conditions 4 (alive requirements) 
The alive chain must have the birthready attribute (conditions 2); and 
The chain must not be inhibited by any other chain with a shorter right 
side (i.e., t2301d). 
The inhibition is a protection mostly against period doubling situations. According to 
Schafer-Vincent (1983, p.  191) "in some cases it happens that period-twins of twice 
(or even more) the 'true' period duration pass the filter of twin tests [ ... ]. Only the 
chain with the smallest period duration should be accepted, the others deleted." 
The co-ordination of the rules described above in shown in the pseudo-code in 
Figure 5.9. This figure and the forthcoming Figure 5.10 complement the previous 
Figure 5.5 (p. 188). 
As seen in Figure 5.5, the call to the link() function is preceded by the 
update() function. In the latter, all PTs in the PT-buffer are shifted in time, that is, an 
attribute ("dist3") that measures the distance between the new PT and old "loose" 
PTs, or between the new PT and existing chains, is incremented. The "alive-pointer" 
can be reset in this function. This is an important detail, included by Violaro 
(1991a), that has been apparently omitted in the original paper. A pseudo-code for 
the update() function is given in Figure 5.10 (p. 195). In this code, "Conditions 5" is 
true if: 
' The "gap" is actually defined by a slightly different expression (Schafer-Vincent, 1983, p.  188). 
The original definition was used in the experiments. 





jf(alive_pointer is not NULL) 
if(Conditions 3) { 
install new PT into the alive chain; 
output F0 values; 
return TRUE; 
else f 
for(all PTs in the PT-buffer) { 
if(Conditions 1) 
install new PT in the chain; 
if(Conditions 2) 
Set PT's birthready attribute; 
if(Conditions 4) 
alive-pointer := order of new PT 
in PT-buffer; 
output F0 values; 
return TRUE; 
link to alive chain 
see details in text 
start chain or expand 





Figure 5.9. Link operation. See text and Schafer-Vincent (1983) for details. Refer 
also to Figure 5.10, where the "alive-pointer" can be changed. 
Conditions 5 (remove period-twin from buffer) 
dist3 ~ 3Xt23o1d (where t23o1d relates to a loose PT or to a PT at the right 
hand side of a chain which is not alive), or 
dist3 ~! 5Xt23o1d and the PT is the right end of the alive chain (if any). 
According to Schafer-Vincent (1983, p. 185), "[t]he 'too far' thresholds ... [used 
above] ... concern only twins which would not be able to pass the linking test ... any 
more and therefore are no longer of any use." 




for(all old PTs in the PT-buffer) { 
dist3 := dist3 + (t3 - Odd); 
if(Conditions 5) { 	 remove PT? 
release PT position in PT-buffer; 
jf(PT is the right end of a chain) { 
release linked PTs (if any); 
if(chain was alive) { 
alive—pointer := NULL; 
Figure 5.10. Simplified update function. See text and Schafer-Vincent (1983) for 
details. 
The averaging-based method described by Schafer-Vincent (1983) to obtain 
the F0 output values - see original paper for details - has not been used in this 
research. Instead, a modification has been implemented to obtain F 0 values on a cycle-
to-cycle basis. Similarly to the other F 0 detection algorithms described in this thesis, 
the output was in the format (F 0, time). To be able to discriminate negative and 
positive significant points (for reasons that will become apparent in the next chapter), 
F0  values were also given the same sign as the sign of the corresponding period-twins. 
A few practical considerations seem important regarding the output of F 0 values: 
It is necessary to monitor whether the two F 0 values associated to each 
period-twin [that is, F0(t2) = 1/02 and F0(t3) = 1/t23, as defmed here] 
should be output. Two values will always be output if the PT is the first 
twin in a chain. 
When PTs of the same polarity are linked and there is no overlap between 
them, 16  two F0 values will be also output for the new PT. 
16 Although, most likely, the PTs will still have a common significant point (i.e., t3o1d = tlnew). 
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3. When period-twins of different polarities are linked, an almost total overlap 
between them can occur. In Figure 5.3 (p.  186), for example, this overlap 
will happen if the negative PT, indicated by the lowest segments in the 
figure, is linked to the positive PT, indicated by the uppermost segment 
(that with the labels ti, t2, and 0). Because, in this example, the positive 
PT will be processed before the negative PT, the F 0 value associated to the 
instant t2 of the negative SP could be written to the file in a wrong time 
sequence. To avoid such problem, the outputs were buffered and ordered in 
a small memory array (10 positions) before being written to the files. In 
real-time applications, and considering the worst case (i.e., F 0 = 50 Hz), a 




Figure 5.11. Cycle-to-cycle F 0 estimation. Segment of an 1w' vowel (top) from a 
dysphonic speaker and F0 contours (bottom) provided by the Super Resolution 
algorithm (wavematching) and by Schafer-Vincent's (1983) algorithm (peaks). 
Possible links to glottal pulses outside the frame are not indicated. The 
wavematching contour has been shifted up by = 50 Hz for better visualisation. 
The small circles and ticks in the peak-derived contour correspond to negative 
and positive significant peaks, respectively. 
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delay of half period, that is, ( 1/50 Hz) = 10 ms, seems adequate to detect 
such situations. 
4. Unvoiced intervals were indicated by using the (-1, -1) mark before the first 
F0 value of each alive chain (i.e., voiced segment). Occasionally, glottal 
cycles can be missed in the chaining process, leading to short unvoiced 
intervals. Depending on the application of the algorithm (but not cycle-to-
cycle measures) such short breaks may be ignored. 
Figure 5.11 (p.  196) shows a fragment of a vowel analysed by Schafer-
Vincent's algorithm (peaks) and by the Super Resolution algorithm (wavematching). 
Note, in the peak-based method, that negative and positive peaks can be missed in the 
chaining process. Also, instantaneous F 0 values from proximate negative and positive 
so HZ 	 1 * wavematching 
200 ms/div 
Figure 5.12. Linear smoothing. Effects of linear smoothing (Equation 5.21) on 
peak-derived contours. Waveform (top) and F 0 contours (bottom). The 
wavematching and the smoothed peak-based curves have been shifted vertically 
for better visualisation. Note also the long-term instabilities in the frequency and 
amplitude of this segment of sustained /a/ vowel from a dysphonic speaker. 
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peaks may differ noticeably (e.g., the third and fourth values). The figure also 
indicates that the wavematching method provides a smoother contour, as is well 
known (e.g., Titze & Liang, 1993). The smoothness of the contours can be improved 
by means of a simple linear smoother based on a 3-point Hanning window (Rabiner, 
Sambur & Schmidt, 1975) commonly used in related works: 
Fo(i)=+Fo(i)+4-. Fo(i -1 ) ++.Fo(i-2), 	(5.21) 
where FO(i) is an instantaneous value and F0 (i) is the corresponding smoothed value. 
The use of such a smoother is exemplified in Figure 5.12. The visual appearance of 
the peak-derived curve improved with smoothing but, as far as jitter is concerned, a 
"legitimate perturbation can easily be discarded in the process" (Titze, Horii & 
Scherer, 1987). Non-linear smoothers were not considered in this research, because 
the falsification of true perturbations is still more intense. Figure 5.12 indicates that F 0 
contours from these algorithms may be similar-looking, but a more detailed visual 
inspection indicates differences in voicing detection and in accuracy. An objective 
(i.e., numeric) comparison is described next. 
5.2.4 Comparative assessment 
The algorithms were evaluated by using EGG-derived F 0 contours as reference. 
Connected speech and the manually edited EGG F 0 contours of the same 15 
dysphonic studied in chapter 3 (section 3.44, p. 95 if.) were used as stimuli in the 
evaluation described in this section (a comparison using sustained vowels and 
focusing on jitter will be described in chapter 6). The evaluated algorithms will be 
referred to as: 
SR, the Super Resolution algorithm (Medan, Yair & Chazan, 1991); 
KSV, the original Schafer-Vincent's (1983) algorithm; 
KSVmod, the modified Schafer-Vincent's (1983) algorithm (i.e., with 
Test 6a). 
Types of errors. A program was written to simultaneously process one EGG-
based contour and one acoustic-based contour, comparing each instantaneous 
acoustic F0 estimate to the nearest (in time) EGG value. Similarly to the evaluation 
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carried out in chapter 3 (section 3.4.4), accuracy was assessed by using mean values 
(e) derived from normalised differences (A) between "reference" EGG values, F (i), 
and acoustic "test" values, F(i) , that is: 
1 N 	1 N 	 Fol  
 For 	
' 	 (5.22) 
N 	N 
where N is the number of detected pairs of F 0 values. "Errors" were organised into 3 
groups: (1) Low errors, L, if A(i) <-10%; (2) High errors, H, if A(i) > + 10%; and 
(3) Fine errors, F, if -10 :!~ A(i) :!~ +10%. The A-ranges were one order of magnitude 
larger than the ranges used in chapter 3 due to the rougher aspect of acoustic-derived 
contours, as compared with EGG contours. Voicing-detection errors were also 
estimated, that is, (4) unvoiced- (or silent-) to-voiced errors, U2V, and (5) voiced-to-
unvoiced (or silent) errors, V2U. Voicing detection errors were expressed (in 
percent) as the ratio between the accumulated duration of each error along the 
utterance and the total duration of the utterance. 
Pre- and post-processing. To evaluate the effects of the signal bandwidth on 
the accuracy of F0 estimation, a second set of stimuli was produced by lowpass 
filtering the 15 acoustic recordings. This filtering was carried out by using the zero 
phase-shift method (Figure 3. 10, p.  84) and a fifth-order Chebyshev II filter with cut-
off at 1000 Hz. The filter cut-off corresponded to twice the maximum detectable F 0 , 
according to recommendations by Titze, Horü, and Scherer (1987, p.  259). Zero 
phase-shift was used to avoid (1) possible artifactual errors due to phase distortion 
and (2) delays that could interfere with the comparison between EGG and acoustic 
signals. The delay of = 0.6 ms between acoustic and EGG signals, mentioned in 
section 3.3.3, has been neglected in the experiments. 
In the SR algorithm, the filtered waveforms were processed with a decimation 
factor L = 4, according to discussions about Equation 5.13 (p. 181). The F0 contours 
detected by the three algorithms were also linearly-smoothed (Equation 5.21), so that 
180 test contours were produced (15 unfiltered + 15 filtered recordings, 3 algorithms, 
smoothing or not). 
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H L IN Fsd U2V V2U 
UNFILTERED 
SR 1.51 2.84 1.72 1.71 1.10 9.49 
KSV 0.47 0.91 2.05 1.95 0.76 9.14 
KSVmod 0.28 0.80 1.98 1.88 0.58 9.69 
Lin. Sm. 
SR 2.58 3.52 2.24 1.97 
KSV 0.53 1.01 0.59 1.58 
KSVmod 0.36 1.06 1.55 1.55 
FILTERED 
SR 1.83 3.01 1.82 1.77 	1.77 	6.05 
KSV 0.34 0.81 1.79 1.74 0.80 8.64 
KSVmod 0.24 0.76 1.75 1.70 	0.63 	8.98 
Lin. Sm. 
SR 2.73 3.30 2.37 2.04 
KSV 0.37 0.89 1.49 1.53 
KSVmod 0.35 0.95 1.47 1.51 
Table 5.1. Comparative assessment of F0 detection algorithms. All values are 
percentages. H = incidence of high errors (> +10%), L = incidence of low 
errors (< -10%), F = fine errors (within ±10%), Fsd = standard deviation of 
fine errors, U2V = unvoiced- (or silent-) to-voiced errors, V2U = voiced-to-
unvoiced (or -silent) errors, Lin. Sm. = linearly smoothed contours. 
Results. The estimated errors, as defined before, and the standard-deviation 
of the fine errors are shown in Table 5.1. The values (percentages) are averages over 
the 15 patients, no sex difference having been observed. The missing entries for the 
linearly smoothed contours (Lin. Sm.) are identical to the respective values for non-
smoothed contours. Table 5.1 indicates that: 
High (H) and low (L) errors (which are caused mostly by F0 doublings and 
halvings, respectively), were more frequent in the SR method than in the 
event-based methods; 
Smoothing increased H and L errors in all methods; 
Apart from V2U errors, filtering worsened all indices in the SR method, 
with further degradation after the linear smoothing operation; and 
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4. Filtering and linear smoothing reduced fine errors (IFI) in the event-based 
method. 
If a choice has to be made, a compromise between speed and accuracy in F 0 
estimation appears to be the use of the KSVmod algorithm, unfiltered signals, and 
linear smoothing. Regarding speed of processing, the KSVmod algorithm was on 
average = 8 times faster than the SR method (using L = 4). It is emphasised, though, 
that smoothing can mask true perturbations. Moreover, improved accuracy in F 0 
estimation, as measure above, does not necessarily represent more accurate F 0 
perturbation measures (Titze & Liang, 1993). This is illustrated below with measures 
from sustained vowels. 
5.3 FREQUENCY AND AMPLITUDE PERTURBATION MEASURES 
5.3.1 F0 stability (Q-values) 
Sustained Ia/ vowels from 228 patients were processed by the KSVmod algorithm to 
obtain the previously defined Q-values, that is, 
(3.19) 	 Q = F0 /F0 SD 
where F0  is the F0 mean and F0 SD is its standard deviation. A statistical distribution 
of Q values is shown in Figure 5.13. Because the standard deviation of peak-derived 
F0 values may be inflated by glottal noise or higher order formants, the values 
reported in Figure 5.13 were obtained from smoothed F 0 contours.' 7 By comparing 
Figure 5.13 with the histogram of EGG measures (Figure 3.39, p.  127), it can be seen 
that the ranges (quartiles) of the acoustic measures have been shifted to the left by, 
roughly, 25 units, due to the increased standard deviation of the acoustic F 0 contours. 
17  Smoothing did not affect the estimated mean values. The differences between the means from raw 
and smoothed contours agreed to within ±1.0 Hz for mostly (92.55%) of the 228 speakers. 
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Figure 5.13. Acoustic F0 merit factor (Q). Indicated ranges (quartiles) are 
(3) Q < 12, (2) 12 -:!~ Q < 26; (1) 26 -:!~ Q <44, and (0) Q —>41. 
An intra-speaker comparison of EGG- and acoustic-derived Q values is shown 
in Figure 5.14, indicating that measures of F 0 variation taken from these signals can 
differ significantly. A specific example of differences in F 0 perturbations, as detected 
in the acoustic and EGG signals of a speaker, is given in Figure 5.15. The acoustic F 0 
contour in this figure is the raw (i.e., non-smoothed) time series. Note that the EGG 
F0  contour presents a certain amount of jitter not seen in the acoustic contour. A 
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Figure 5.14. Comparison of EGG and acoustic Q-values. Scatter plot with data 
from 137 patients (i.e., the patients with EGG unvoiced intervals < 25% and EGG 
quality, as defined in chapter 3, equal to 3 or 4). 
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50 Hz - * 
- Acoustic 	 -1 
—EGG 	 -1 
10 ms/div 
Figure 5.15. Differential acoustic and EGG perturbations. Waveforms (top) and 
F0 contours (bottom). The EGG F0 curve has been shifted down for better 
visualisation. EGG waveform shown without baseline drift removal. 
more detailed comparative assessment of EGG and acoustic jitter will be discussed in 
the next chapter, where such aspects as inter-vowel effects on jitter measures, and the 
influence of the type of period markers (i.e., peaks, zero crossings, etc.), will be 
addressed. 
5.3.2 Shimmer 
Acoustic shimmer relates to irregularities in the strength of the excitation. Shimmer 
seems to be relatively simple to measure provided that the AID converter has at least 
9 bits (Titze, Horii & Scherer, 1987) and weak glottal pulses are not systematically 
rejected as period boundaries, that is, the incidence of F 0 halving errors is low. An 
example of such errors is given in Figure 5.16. Note the F0 halvings (or period-
doublings) caused by weak vocal fold contacts, as seen in the EGG signal, at the right 
hand side of the picture, where the detected peaks would lead to underestimated 
shimmer values. 





Figure 5.16. Fundamental period doublings. Acoustic and EGG signals (top) 
and acoustic F0  contour (bottom). The period doublings in the right hand part of 
the figure resulted in marked acoustic shimmer which would be underestimated 
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Figure 5.17. Shimmer. Ranges (quartiles): (0) shimmer < 4.5%; (1) 4.5% ~ 
shimmer < 6.5%; (2) 6.5% :!~ shimmer < 10.0%; and shimmer ~ 10.0% 
The distribution of measures of acoustic shimmer from the 228 patients 
analysed in this chapter is shown in Figure 5.17. The suggested "normal" range (i.e., 
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shimmer < 4.5%) is consistent with recent measures from non-dysphonic speakers 
reported by Orlikoff (1995, p.  177). Orlikoff (1995) used 3-second long vowels and 
found a shimmer range of 0.226-0.427 dB (i.e., 2.58-4.88%, according to Equation 
3.17, p.  125) for his mid-vowel "tat," which seems equivalent to the tat used here. 
Orlikoffs (1995) data also agree - after scaling by a factor of 2 - with measures 
from Horn (1982, p.  13), who used a neck accelerometer but commented that (p.  13) 
"airborne voice signals had approximately twice as much shimmer as those from the 
accelerometer signals" (he did not list acoustic measures, though). 
A reduction by a factor of 1.5 to 2.0 times in the shimmer ranges - but not 
necessarily in intra-speaker measures - was found when shimmer was computed 
using the RMS (root mean square) intensity of the periods, a less common method 
used by Hillenbrand (1987). The RMS-based ranges would be (0) shimmer < 2.7%; 
(1) 2.7% :!~- shimmer < 3.7%; (2) 3.7% :!~ shimmer < 5.3%; and (3) shimmer ~! 9.2%. 
Glottal noise can affect instantaneous shimmer values. A possible attempt to 
minimise the noise influence may be the use of a "dead-band," that is, to neglect 
instantaneous shimmer values less than a threshold. This needs future experimental 
validation, though. 
The next discussion deals with fluctuations beyond the cycle-to-cycle time 
window. The clinical relevance of low frequency oscillations and possible ways of 
measuring such fluctuations will be addressed. 
5.3.3 Tremor 
Experimental studies on tremor will not be reported in this thesis but a few 
considerations may be relevant. As shown in Figure 5.18, low-frequency oscillations 
can be detected in both the amplitude and frequency of acoustic signals. Amplitude 
and frequency oscillations of this type seem to be inter-related. Low-frequency 
oscillations (i.e., below = 40 Hz) can lead to the perception of vocal tremor. Vocal 
tremor in the 4-10 Hz range can be associated with neurological disorders (e.g., 
Parkinson's Disease or Benign Essential Tremor) which are usually, but not 
necessarily, accompanied by a tremor at the same rate in the hands or other parts of 
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50 Hz * 
100 ms/div 
Figure 5.18. Vocal tremor and amplitude/frequency fluctuations. Waveform 
(top) showing low-frequency amplitude oscillations and F 0 contour (bottom) 
showing undulations in the fundamental frequency. 
the body (Aronson et al., 1968; Ludlow et al., 1986). Vibrato, as said in the previous 
chapter, is a well-controlled tremor in the 5-6 Hz range cultivated by singers. 
The neuromuscular sources of tremor and vibrato are not well known. 
According to Titze (1995a, pp.  29-30), vocal tremor is likely to be caused by "a slow 
reflex ... combined with several mechanical responses in the muscles and CTJ 
[cricothyroid joint] rotation. These combined latencies could produce positive 
feedback in a negative feedback control loop." He also pointed out that (p.  25) 
"[c]onfusion can arise between neural oscillations and low frequency modulations 
within the mechanical and acoustic oscillators. These low frequency modulations are 
often beat frequencies between two oscillators (say, two similar modes of the left and 
right vocal folds) that have been observed in the 20-30 Hz [ ... ]." 
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The amplitude and rate of vocal tremor can be estimated by spectral analysis 
of F0 contours. In some cases (e.g., Figure 5.18) the envelope of the waveforms can 
be alternatively analysed with AM demodulation techniques (e.g., Lathi, 1989), an 
approach that is free from F 0 detection errors. Tremor in acoustic voice signals may 
not look like AM-modulated signals, though. Note, for example, that the amplitude 
fluctuations in Figure 5.18 resemble a low-frequency signal m(t) being added to a 
high frequency carrier t) [i.e., x(t) = t) + m(t)] instead of a "typical" AM signal, 
that is, x(t) = [1 + m(t)]f(t). However, AM demodulation techniques may still 
provide adequate approximations. The application of a simple envelope detector is 
shown in Figure 5.19. In this example, the upper envelope was recovered by using a 
halve-wave rectification followed by decimation (L = 25) and lowpass filtering 
(elliptic filter, sixth order, cut-off at 40 Hz, stopband rejection larger than 80 dB). 
In a voice clinic, vocal tremor analysis may be useful to provide warning signs 
about possible neurological disorders. The singing voice may be also evaluated 
through parameters related to the amplitude, frequency, and stability of the vibrato. 
Amplitude and frequency demodulation techniques may be also useful for the 




filter 	L 	th(n / L) 
Figure 5.19. AM demodulation. (Top) Simple envelope detector. The first block 
is a half-wave rectifier. The decimator may be convenient, for example, to 
reduce the computational cost of spectral analyses or to allow the design of 
narrower filters. (Bottom) Waveform and upper envelope of the waveform in 
Figure 5.18. The recovered envelope is indicated by the superimposed signal in 
white. 
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assessment of vocal quality. It appears that the perceptual level of harshness can be 
predicted from the amplitude and frequency modulation indices associated with 
undulations in voice signals (Terhardt, 1974; Lindsey & Carding, 1993; Lindsey & 
Vieira, 1997). 
The next section will address the estimation of the signal-to-noise ratio in 
acoustic voice signals. A brief literature review will be followed by experimental 
investigation. 
5.4 SIGNAL-TO-NOISE RATIO ESTIMATION 
5.4.1 Introduction 
Incomplete glottal closure during the closed phase of the glottal cycle can give rise to 
turbulent airflow and high frequency noise, which is an important acoustic correlate 
of breathiness. Various methods have been proposed to quantify the signal- (or 
harmonics- ) to-noise ratio (SNR or HNR) in acoustic voice signals. 
In a series of papers by Yumoto and colleagues (Yumoto, Gould & Baer, 
1982; Yumoto, 1983; Yumoto, Sasaki & Okamura, 1984) a method for SNR 
estimation, which is based on the subtraction of 50 successive glottal cycles from the 
corresponding mean, has been described. This method can be expressed as 
Tmax 	 - 
50x I [()]2 I 
SNR = 10. logs 50 Tmax (5.23a) 
IE J [x j (n) - -i(n)] 2 I' 
t i=i n=0 	 j 
50 
(n) 	x i (n), 	 (5.23b) 
05n:5Tmax 1=1 
where Tmax is the maximum glottal period among the 50 cycles. If a generic glottal 
period T 1 is smaller than Tmax, an alignment is carried out by appending zeroes to the 
corresponding waveform, that is, x 1 (n) = 0, T1 :!~- n :!~ Tmax, V T1 <Tmax. This SNR 
estimation method is often cited in the literature. Unvoiced intervals in the sustained 
vowel may represent practical difficulties in dysphonic voices, though. In such voices, 
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marked amplitude and F0 perturbations can also occur along the 50 cycles, leading to 
artifactual noise components. 
A time-domain SNR estimation method based on a comb-filter was proposed 
by Kasuya, Ogawa, and Kikuchi (1986), adapting results from studies on the 
enhancement of speech deteriorated by additive white noise by Frazier and colleagues 
(1976) and Lim, Oppenheim, and Braida (1978). In this comb-filter approach the 
voice signal x(n) is assumed to consist of a periodic component corrupted by additive 
noise. The signal x(n) is initially processed by an F 0 detector to identify successive 
glottal cycles. The cycles are then passed through a certain comb-filter, resulting in a 
filtered signal y(n) which is an estimate of the harmonic component of x(n).' 8 A 
"normalised noise energy," NNE, is then defined as 
I[x(n)-y(n)] 2 1 
NNE = 10. log J " 




where "n" spans the analysed glottal cycles and "d" is a constant defined elsewhere 
(Kasuya, Ogawa, and Kikuchi, 1986) that has been described as a "compensation 
factor" (Zhu et al., 1994) for the order of the filter, that is, the number of successive 
glottal cycles analysed. Seven cycles were used by Kasuya and co-workers in their 
experiments. 
A frequency-domain NNE has also been proposed by Kasuya and colleagues 
(1986a). In this approach, the spectrum is computed from a frame consisting also of 7 
glottal cycles, the magnitude of the noise being estimated as the inter-harmonic 
energy. Subsequently, the noise energy is normalised by the total energy around the 
spectral peaks to provide the (spectral) NNE. It is not clear whether time- and 
frequency-domain NNE measures agree with each other; comparative values have not 
been apparently reported. 
18  The measured fundamental frequency determines the spectral distance between the "teeth" of the 
(adaptive) comb filter. See details on the filter design in the paper by Lim, Oppenheim, and Braida 
(1978); the filter was also described by Kasuya, Ogawa, and Kikuchi (1986), but misleading typing 
(equation 3, pp.  669) may make comprehension difficult. 
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Different SNR estimation methods, such as an approach based on a cepstral 
comb-filter (de Krom, 1993), or attempts to improve the methods described above 
(e.g., Awan & Frenkel, 1994) can be found in the literature. Systematic investigations 
on the accuracy of SNR estimates have indicated that SNR measures may depend not 
only on the amount of high frequency noise in the signal, but also on the levels of 
jitter and shimmer (e.g., Hillenbrand, 1987; de Krom, 1993). In other words, SNR 
measures can be small due not only to breathy voices, but also to practically any kind 
of cycle-to-cycle perturbation. Hillenbrand (1987) suggested that "the effects of 
amplitude perturbation on HNR measurements can be significantly reduced, although 
not eliminated, simply by normalizing each pitch pulse for rms intensity" (p. 458), but 
gave no further details. He also suggested that the use of the smallest cycle, instead 
of the largest cycle, would reduce the sensitivity to jitter in the method proposed by 
Yumoto and colleagues (1982, 1983, 1984). 
If a single measure is to be chosen for the description of voice perturbations, 
SNR (with its sensitivity to jitter and shimmer) seems to be an adequate choice. 
However, as pointed out by Cox, Ito, and Morrison (1989a), "given the multifaceted 
nature of vocal pathology, the availability of separate measures of jitter, shimmer, and 
noise is advantageous." These authors proposed possible ways of minimising jitter 
and shimmer effects that will be addressed later in this chapter. 
Jitter seems to be the major source of SNR estimation errors (Cox, Ito, & 
Morrison, 1989a). Dynamic time warping techniques, DTW (e.g., Deller, Proakis & 
Hansen, 1993, pp.  623-676), were used by Qi (1992) and Qi and co-workers (1995) 
to reduce the influence of jitter on the algorithm by Yumoto and colleagues (1982, 
1983, 1984). The idea is to carry out the subtraction in the denominator of Equation 
5.23a over an optimum trajectory in the TxTmax plane. Experimental results 
reported by Qi and colleagues suggest that the SNR dependence on jitter can be 
substantially reduced by DTW techniques, but this approach is computationally 
expensive and appears sensitive to possible long-term perturbations within the 50 
cycles. 
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In the next discussions, an algorithm for cycle-to-cycle SNR estimation that 
uses simple comb-filters will be described and evaluated. Cycle-to-cycle SNR 
measures have been also used by Milenkovic (1987), as discussed before. A cycle-to-
cycle approach simplifies F0 tracking problems, because it is not necessary to identify 
long "unbroken" sequences of glottal cycles. Cycle-to-cycle measures may be less 
sensitive to long-term voice perturbations (e.g., tremor or an F 0 glide), also. On the 
other hand, the estimation can be affected by the fact that the underlying comparisons 
are carried out using only two cycles. 
5.4.2 Comb filtering estimation of the SNR 
Simple multiplication-free comb filters can be defined as: 
	
(n) = i .[x(n) + x(n-T)], 	 (5.25a) 
ê(n) = 1 .[x(n) - x(n-T)I, 	 (5.25b) 
where x(n) is the nth sample of the digitised voice signal, (n) and (n) are the 
instantaneous estimates of the harmonic and the noise components, respectively, and 
T is the measured fundamental period normalised to the sampling frequency (i.e., 
T = Fs/170). To obtain a frequency-domain interpretation, Equations 5.25a-b can be z-
transformed and evaluated in the unit circle, yielding 
S(e j(0 ) = .X(eJ ° ).[1 + e )T], 	 (5.26a) 
E(e°) - 1.X(eJ0)).[l - e 0T] , 	 (5.26b) 
where z = exp(jo), j2 = -1, and w = 27rfIFs (0 :!~ f < Fs/2). Equations 5.26a,b can be 
manipulated into 
'!J 	cos(irf I 	 (5.27a) 
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Figure 5.20. Comb filters. Magnitude of the frequency response (Equations 
5.27a-b) exemplified for F0 = 120 Hz. Vertical arrows indicate the position of the 
harmonics. 
showing that the magnitude of the frequency response of the signal-estimation filter 
(Equation 5.27a) has its maxima at the harmonics of the fundamental frequency, that 
is, f = k F0 (k integer), while the noise-estimation filter (Equation 5.27b) has its 
minima at the harmonic frequencies (Figure 5.20). 
In the method implemented here, the SNR for a given utterance was 
expressed as the mean of local (i.e., cycle-to-cycle) signal-to-noise ratios, as defined 
below. The significant points determined by Schafer-Vincent's (1983) F 0 tracker 
(Figure 5.3, p.  186) were used as initial period boundary markers. To reduce the 
effects of noisy peaks, the local signal-to-noise ratio, LSNR(tl, t2), was taken as the 
maximum value among measures obtained with small shifts in the initial position of 
the second cycle, that is: 
LSNR(tl, t2) = 	max [LSNR(tl, t2, 'r)], 	 (5.28a) 
—1O:~ t!~ 1O 
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Figure 5.21. Jitter and SNR measures. Mean jitter was high (8%) in this 
synthetic Ia! vowel. Observing that t2-t] is smaller than 6-0, the region "A" can 
be inappropriately compared with region "B," causing errors in the SNR 
estimate. Details about the synthesis of this vowel are given in section 5.4.3 
IO.N 
I 8[x(tl+i)+x(t2+'r+i)]2 I 
LSNR(tl, t2, T) = 10. log 	 (5.28b) 
[x(tl + i) - x(t2 + 'r + i)] I 
1i=O 	 j 
N = mm (t3 - t2, t2 - ti), 	 (5.28c) 
where N is the smaller of the two periods and 'r is the shift of the second cycle. A 
similar adjustment of the starting points of the glottal cycles was used by Kasuya, 
Ogawa and Kikuchi (1986). Attempts, for example, of initially maximising the cross-
correlation between the cycles and then estimating the local SNR resulted in poorer 
estimation than the method described in Equation 5.28. 
The upper limits of the sums in Equation 5.28b were limited to 0.8• N 
(empirical) to reduce gross errors due to jitter. The source of these errors is 
illustrated in Figure 5.21. In this figure, the cycle defined by t2 - ti is shorter than the 
cycle associated with t3 - t2; also, it is assumed that the shift 'r (Equation 5.28) is 
zero. This figure shows that the waveform region "A" will be compared with the 
region "B" if "n" is allowed to increase until "N" in Equation 5.28. The extent of the 
errors caused by this artefact can be seen in Figure 5.23 (P.  216). 
These effects of jitter on time-domain SNR measures seem to explain why the 
zero crossings before the glottal cycles' prominent peak have been found to be more 
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adequate period delimiters for SNR estimation purposes (Yumoto, Sasaki & 
Okamura, 1984; Cox, Ito & Morrison, 1989a; Awan & Frenkel, 1994). There are 
practical difficulties in determining zero crossings in noisy signals, though. The 
approach used here, that is, a comparison limited to 80% of the minimum period, is a 
compromise between a reliable (but not highly precise) peak-based period marking, 
and a reduction of the jitter effects caused by the comparison of tails and peaks of 
glottal cycles. The accuracy in the pitch marking is improved with the maximisation in 
Equation 5.28. 
A further analysis of Figure 5.21 indicates that an overlap of jittered segments 
will occur - even with the 0.8N criterion - in the case of twin-periods delimited by 
negative significant peaks. In recorded signals and, probably, in waveforms simulated 
with parameters different from those used to generate Figure 5.21, it is not possible to 
assume, a priori, which type of significant peak firstly occurs in the glottal cycle. 
Longer distances between the cycles' positive and negative SPs will lead to longer 
undesired overlaps. This situation is obviously worse in the case of vowels with low 
first formant (e.g., Lu! and Li!), meaning that the proposed SNR estimation method 
may not be adequate for other vowels. The performance of this simple SNR 
estimation method was evaluated with synthetic Ia! vowels. 
Dependence of SNR estimation algorithms on the vowel type has been also 
reported by Cox, Ito, and Morrison (1989a). More specifically, these authors 
suggested that time-domain SNR measures from fat and Li/ may be more susceptible 
to errors in glottal cycle demarcation than measures from the Lu/ vowel due to the 
"preponderance of high-frequency components" (p. 2165) 
5.4.3 Assessment with signals based on the source-filter model 
The assessment of SNR estimation algorithms requires that synthetic signals be used. 
It would be possible, for example, to use the source-filter model to simulate 
breathiness by adding noise to the closed phase of the vocal folds. This is illustrated in 
Figure 5.22. In this figure, the glottal pulse was simulated by Fant's (1979) model 
(section 4.3) with the steepness factor K = 0.52, glottal formant F g = 125 Hz, and F0 






Figure 5.22. In-source noise. White noise was added to Fant's (1979) model 
during the closed phase. The glottal flow was filtered by a 5-formant vocal tract 
(Appendix B2), pre-emphasis (a = 1) being also applied to obtain the oral 
pressure. The vertical scale is different for the two signals. The flow peak-value 
was 12,000 AID conversion units and an empirically determined gain (10) was 
introduced during the vocal tract filtering to fit values in a 16-bit range. 
= 120 Hz. During the closed phase, a flat "DC flow" of 20% (arbitrary) of the peak 
flow was used to represent a glottal gap, white noise being added to simulate 
turbulent flow. The glottal airflow was filtered by a 5-formant vocal tract (Ia! vowel, 
Appendix B2), the radiation impedance being simulated by a pre-emphasis ((X = 1, 
Equation 4.7, p.  149). The so-simulated vowels were perceived as "good" simulations 
of breathy voices. As far as the control of the synthetic waveform parameters is 
concerned, the SNR level in the airflow is known, but the SNR in the simulated oral 
pressure signal is affected by the filtering and radiation characteristics. Therefore, the 
use of signals with noise added to the source does not seem to be a straightforward 
approach for calibration purposes. 
An alternative approach would be the synthesis of vowels with a noise-free 
glottal flow, but with noise added to the simulated oral pressure, as seen in the top 
panel of Figure 5.23. Signals of this type were not perceived by this writer as realistic 
breathy voices, but would allow controlled experiments. A spectral shaping of the 
additive noise may improve the perceived quality. 
The performance of the cycle-to-cycle comb filtering SNR estimation in the 
analysis of vowels simulated in the way described above is exemplified in the bottom 
part of Figure 5.23. There is, apparently, a fixed over-estimation bias of = 3 dB in 
both SNR contours. Marked cycle-to-cycle differences in the estimates can also 
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10 ms/div 
Figure 5.23. Out-of-source noise. (Top) Synthetic 1w' vowel (Appendix B2) with 
white noise (SNR = 10 dB) added to the simulated oral pressure. (Bottom) SNR 
estimated with Equation 5.28 (the 30-dB waveform is not shown). 
occur, as seen in the 30-dB SNR curve, as pointed out before. 
The excitation signals related to the waveforms used to produce Figure 5.23 
were generated with no jitter, though. When jitter was introduced in the glottal flow 
waveform, shimmer also resulted in the oral pressure signals. 19 This possibility has 
been mentioned before (Hillenbrand, 1987; Milenkovic, 1987), and was simulated by 
Wong and co-workers (1995) by means of a computational model of vocal-fold 
vibration. An example of this "jitter-induced shimmer" is given in Figure 5.24, where 
a 2% mean jitter was introduced in the excitation signal ;20  the speed of closure was 
kept constant (K = 0.52). A waveform distortion that is a possible artefact of this 
19  Shimmer in the simulated acoustic pressure was also produced when noise was added to the closed 
phase, as seen in Figure 5.22. 
20  Details on the control of jitter and SNR levels during the synthesis are given in section 5.4.4 (pp. 
217 ff.). 
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Figure 5.24. Jitter and waveform distortions. Synthetic /a/ vowel with 2% mean 
jitter. Arrows 1 and 2 indicate "jitter-induced shimmer," while arrows 3 and 4 
indicate distortions near the zero crossings between negative and positive 
significant points. 
vowel-synthesiser is indicated by arrows 3 and 4 in Figure 5.24; the indicated zero-
crossing abnormalities have not been observed in acoustic waveforms of Ia/ vowels, 
as will be discussed in the next chapter. 
It is not clear the extent to which jitter-induced distortions are simulation 
artifacts or true aspects of vocal fold vibration. One possible explanation for these 
phenomena is that, due to jitter, the tails of the impulse response of the vocal tract 
would interact in a random way with the beginning of the next cycle (Milenkovic, 
1987). This problem is similar to the inter-symbol interference that occurs in wired 
digital communication systems. Jitter-induced shimmer in synthetic waveforms 
introduces unpredictable components in the SNR measures, the effects becoming 
relevant for jitter values above = 1.0%, as suggested in Figure 5.25. This graphic may 
suggest a dependence of the algorithm on jitter, but experiments described later will 
show that this is not the case. 
Because of the shimmer-related problems discussed above, the performance of 
the cycle-to-cycle SNR estimation algorithm was evaluated with simpler but better 
controlled stimuli. These stimuli were created by adding damped sinusoids and white 
noise, as described next. 
5.4.4 Calibration with synthetic signals based on damped sinusoids 
Synthetic Ia/ vowels were created by adding five truncated, exponentially-damped 
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Figure 5.25. Effect of jitter-induced shimmer on SNR measures. Values 
obtained from a synthetic Ia! (steepness K = 0. 52, glottal formant Fg = 125 Hz, 
F0 = 120 Hz). Jitter was introduced in the excitation and white noise was added 
to the simulated oral pressure (SNR = 30 dB). SNR values estimated with the 
method based on cycle-to-cycle comb-filters. 
sinusoids, as indicated below for a noise-free glottal period of duration T: 
5 
s(n) =A(j).exp[—it n.bw(j)/F]sin[27cn FO) /F s ], 	(5.29) 
0:~ n<T 	j=1 
where A, bw, and F are the formant amplitudes, bandwidths, and frequencies reported 
by Rabmer and Schafer (1978).21  Each vowel was 3-second long, the sampling 
frequency was 22,050 Hz, and the amplitude of the first formant was 12,000 units. 
Because this scheme is similar to a parallel formant synthesiser, the sign of the 
second, fourth, and fifth formant amplitudes was negative, as suggested by Klatt and 
Klatt (1990; figure 14, p. 843).22 An Ia/ vowel with F0 = 120 Hz is shown in Figure 
5.26. Noise-free signals synthesised in this way were perceived as having some 
similarity with "tense" vowels associated with hyperfunctional larynxes. 
Stimuli were synthesised for two fundamental frequencies, 120 Hz and 220 
21  The formant frequencies and bandwidths are given in Appendix B2. The formant magnitudes 
were estimated from the corresponding frequency response (Rabiner & Schafer, 1978, p.  74), being 
approximately (in dB) A 1 = 0.00; A2 = -0.93; A 3 = -11.00; A4 = -14.66; and A 5 = -4.00. 
22  The fifth formant is not included in the study by Klatt and Klatt (1990); the negative sign was 
arbitrarily extended to F 5 's amplitude. 




Figure 5.26. Synthetic vowel based on damped sinusoids. la/vowel generated with 
Equation 5.29 with mean jitter of2% (details on jitter simulation are given later in 
the section). 
Hz, representing male and female speakers, respectively, and were corrupted by 
known levels of additive noise (range: 5-30 dB) and jitter (range: 0-3%). The levels 
of perturbation spanned the range that has been reported for natural voices (e.g., 
Bielamowicz et al., 1996). The number of glottal cycles was 120 Hz x 3 s = 360 in 
the 120-Hz stimuli and, similarly, 660 in the 220-Hz stimuli. These numbers are above 
the minimum value (i.e., 190) suggested for perturbation analysis in dysphonic voices 
(Karnell, 1991). 
5.4.4.1 Generation of jitter 
Instantaneous jitter, defined according to the (signed) First Order Perturbation 
function (Titze and Liang, 1993), can be expressed as: 
J(k) 	
[P+(k)]—[P+A(k-1)] 
(5.30) = 1 -{[P+ z(k)]+[P+L(k_1)]}' 
where J(k) is the jitter value for the kth cycle, P is the non-jittered fundamental period 
(i.e., F/120 or Fs/220) and k) is the perturbation. The jittered fundamental period 
is thus T(k)=P+A(k). 
The constant J was defmed as the synthetic utterance's desired mean jitter 
which will be measured with a (rectified) First Order Perturbation function, that is, 
N  IT(k)-T(k-1)I 
(5.31) N-i 
k=2 11 [T(k)+T(k-1)J 
Chapter 5 - Time-domain Perturbation Analysis 	 220 
where T(k) is the measured kth fundamental period and N is the number of detected 
fundamental periods. J(k) in Equation 5.30 can therefore be generated as a random 
variable uniformly distributed between ±2J (the symmetry around zero is necessary 
to reduce, but not eliminate, systematic trends in the synthesised fundamental 
frequency) .23  Due to the rectification in Equation 5.3 1, the measured jitter is 
therefore expected to be uniformly distributed between [0, +2J], with mean J. The 
following expression, derived from Equation 5.30, can be used for the recursive 
computation of (k), 
2+J(k) 	J(k) 
+2P• 	. 	 (5.32) 
2—J(k) 2—J(k) 
The so-calculated z(k) is then added to the nominal period P to provide the jittered 
period, T(k) = P + (k), used in Equations 5.29 and 5.33 (below). In practice, 
instantaneous periods were confined to 0.8P :! ~ T < 1.2P. Without limits of this type, 
the fundamental frequency can increase or decrease without control because J(k) is a 
random sequence. 
This method generates jitter according to a commonly used mathematical 
definition. As far as the simulation of cycle-to-cycle perturbations is concerned, this 
approach appears to be more useful and realistic than methods based, for example, on 
"flutter" (Klatt & Klatt, 1990, p  839), that is, the addition of three slowly varying sine 
waves to the nominal F0 value. 
5.4.4.2 Additive Noise 
Glottal noise was simulated by adding a zero-mean, uniformly distributed random 
sequence e(n) to each clean cycle, that is, 
x(n) =s(n)+e(n). 	 (5.33) 
0!~ n<T 
23  Jitter is likely to have a gaussian distribution (Horii, 1979). A uniform distribution was chosen for 
computational simplicity. 
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Figure 5.27. Cycle-to-cycle comb filtering SNR estimates. The stimuli were 
synthetic /a/ vowels degraded by additive white noise, simulating a male (top) 
and afemale (bottom) speaker. The summations in Equation 5.28 were limited to 
0.8N, where N is the length of the smallest cycle in the period-twins 
Assuming that the noise sequence is ergodic, the width M of the noise probability 
density function was adjusted according to the desired SNR level and the power of 
the clean period, as follows: 
r1T-I 	-1 	 r1-r-i 	1 
	
SNR =10 log 	 I = io log 
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added to the vowels. 
5.4.4.3 Experimental results 
The performance of the cycle-to-cycle SNR estimation method is shown in Figure 
5.27. Results suggest that the method is robust to jitter, as seen in the practically 
parallel horizontal lines. As far as the dependence on the fundamental frequency is 
concerned, there were minor variations in the 25-dB and 30-dB curves at the 220-Hz 
stimuli. The major drawback of this method is a bias of approximately +3 dB, as 
suspected before in connection with Figure 5.23 and Figure 5.25. This bias was 
practically independent of both jitter and fundamental frequency, though, and can be 
subtracted from the estimated SNR value. 
The nature of this bias could be attributed to the maximisation carried out in 
Equation 5.28. However, with the frequency response of the comb-filters in mind 
(Figure 5.20, p. 212), the bias is likely to be caused by noise falling into the harmonic 
bands. This noise energy (1) would not be filtered by the harmonics-detection filter, 
increasing the measured harmonic energy, and (2) would be rejected by the noise-
estimation filter, reducing the measured noise energy. Interestingly, a theoretical 
analysis by Cox, Ito, and Morrison (1989a) showed that there is a bias of +3 dB 
FO = 120Hz 
Figure 5.28. On the limits of the summations in Equation 5.28. SNR estimates 
with the limits of the summations in this equation set to "N" instead of "0.8N." 
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between a certain "HNR2" cycle-to-cycle SNR measure (which is similar to the 
measure used in this research) and Milenkovic's (1987) SNR definition (Equation 
5. 10, p.180). 
The importance of limiting the summations in Equation 5.28 to a value smaller 
than the smallest cycle in the period-twins, is illustrated in Figure 5.28. The values in 
this figure were obtained by a modified version of Equation 5.28, where the 
summations were extended to N = min(t2-tl, t3-t2). The decrease in the SNR 
estimation with increasing jitter is obvious. Note also that, for zero jitter values, the 
estimation bias is only slightly (i.e., = 0.5 dB) larger than in the 0.8N case, that is, the 
reduced limits in the summations had little effect on the bias. 
The distribution of SNR estimates obtained with this method, using sustained 
Ia/ vowels of 228 dysphonic speakers, is shown in Figure 5.29. The suggested range 
for "normal" values, as measured with the method proposed here, is SNR ~! 25.0 dB. 
5.4.5 Discussion 
A number of issues related to SNR measurement were addressed in section 5.4, 
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Figure 5.29. SNR estimated on sustained Ia! vowels. Ranges (quartiles) are 
approximately (3): SNR :s~'18.2 dB; (2) 18.2 -s'SNR <22.2 dB; (1) 22.2 -:! ~ SNR < 
25.0 dB; and (0) SNR z? 25.0 dB. 
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Figure 5.30. Sensitive of SNR measures on shimmer. Further improvements in 
the proposed algorithm, in order to overcome the undesired negative correlation 
between SNR and shimmer values, are necessary. 
period-twins readily available from Schafer-Vincent's (1983) F 0 detection algorithm. 
A simple approach for reducing jitter effects on SNR measures was proposed. In the 
generation of the stimuli used at the evaluation of the algorithm, the complexity of the 
synthesiser and the perceptual quality of the signals were sacrificed for the sake of 
predictability in waveform parameters. 
As a limitation of the study, the effects of shimmer on SNR values were 
deliberately excluded. This decision was taken because attempts to synthesise stimuli 
using a source-filter model indicated that even a relatively simple synthesiser - i.e., 
Fant's (1979) glottal pulse filtered by an all-pole vocal tract - resulted in 
unpredictable waveform amplitude perturbations. A scatter plot of SNRxshimmer 
measures for the 228 patients studied in this chapter is shown in Figure 5.30. This 
figure shows a clear negative correlation between SNR and shimmer. The algorithm 
needs, therefore, further improvements as far as sensitivity to shimmer is concerned. 
Hillenbrand's (1987) suggestion that shimmer effects could be reduced by 
normalising the periods for "mis intensity" may be useful. Further details were given 
by Cox, Ito, and Morrison (1989a), when discussing the HNR2 measure mentioned 
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before (p.  222). Using the notational conventions of this thesis, the instantaneous 
HNR2 can be expressed as 
[K(t1) x(n) + K(t2) x(t2 + n)] 2 
HNR2=101og n=t1 	 , 	 (5.35a) 
[K(t1)• x(n) - K(t2) x(t2 + 
n=tl 
where ti, and t2 are period markers and N is the minimum duration of the two 
consecutive cycles. Cox, Ito, and Morrison (1989a) stated that HNR2 is maximised 
when the K() factors in Equation 5.35a are proportional to the cycles' RMS energy, 
that is, exemplifying for the first cycle and assuming unit proportionality constant, 
~ n=tl
N
K(tl) = 	[x(n)] 2 	 (5.35b) 
 j 
Based on measures from 6 speakers, Cox, Ito, and Morrison (1989a, p.  2174) 
suggested that the normalisation by the RMS intensity "resulted in an increase in the 
HNR estimate of approximately 1 dB, probably due to a reduction of the influence of 
shimmer." To verify the validity of this observation, RMS normalisation was 
incorporated into the cycle-to-cycle comb filtering, everything else being as in 
2 
-2 
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SNA (dB) 
Figure 5.31. Attempt to decouple SNR from shimmer. Scatter plot of (228 
patients) showing the difference (in dB) between the "original" SNR comb filter 
based method and a similar method (HNR2) in which there is a normalisation of 
amplitudes by the cycle's RMS value. 
Chapter 5 - Time-domain Perturbation Analysis 	 226 
Equation 5.28. This modified algorithm was used to re-evaluate the SNR of the 228 
speakers. The differences between the original "SNR" values and the values based on 
the "HNR2" method are plotted in Figure 5.31. Although there may be a tendency 
towards higher values after the compensation, this figure suggests that the 
normalisation by the RMS amplitude does not compensate for shimmer effects. 
Finally, because the stimuli used in the study were confined to Ia!, further 
experiments would be necessary before the results can be extended to other vowels. 
When a single vowel is used, the majority of clinical studies use a mid vowel close to 
Ia/, although the reasons for that choice are not clear. Justifications for the clinical use 
of Ia/ for the purpose of perturbation measures, especially jitter, will be given in 
chapter 6. An examination on possible relationships between SNR measures and vocal 
quality is described next. 
5.5 AN EXPERIMENT ON THE PERCEPTION OF VOCAL QUALITY 
5.5.1 Procedures 
Signal-to-noise measures obtained with the cycle-to-cycle comb filtering method were 
compared with perceptual evaluations of voice quality. Maximally sustained /aJ 
vowels of 35 dysphonic speakers were rated by three Speech, Voice, and Language 
Therapists (JB, ML, and JS) trained in the Vocal Profile Analysis Scheme, VPA 
(Layer et al, 1981). It is emphasised that this scheme is based on connected speech 
and the judges had little practice in the rating of sustained vowels. A very simplified 
version of the VPA protocol (Figure 5.32) was used that focused on laryngeal 
features. This simplified protocol is similar to the often cited GRBAS scale (Hirano, 
1981, pp. 8384) . 24  Perceived vocal intensity, or loudness, is relevant to dysphonic 
voice evaluation. Loudness is evaluated in the original VPA protocol (Layer et al., 
24  In this 4-point scale, "R" stands for hoarseness (which seems to be a mixture of VPA's harshness 
and whisperiness, as pointed out by Layer, Hiller & Hanson, 1982, p.  194), "B" is breathiness (i.e., 
VPA's whisperiness), "A" is asthenicity, or vocal weakness, and "S" is strain (VPA's tension, 
apparently). Regarding "G" (for Grade), Hirano (1981, p.  166) stated that this feature "does not 
actually represent the quality of voice, but indicates the quantity, the general degree of impairment." 
He is apparently suggesting a new name (i.e., "general") for the label. 
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Figure 5.32. Simplified VPA form. Protocol focusing on the laryngeal features in 
a 0-6 range, "zero" being the absence of the feature. The two-pass characteristic 
of the scheme was kept but it may not be necessary; it was noted that the first pass 
was rarely used by the judges. Based on Lover and co-workers (1981). 
1981; also reproduced by Robinson, 1993, p.  77), but this feature is subdivided into 6 
sub-features and no simplification was obvious to me. 
The voice samples were chosen to cover the types of vocal features and 
intensities observed in the patients. The samples were evaluated in a quiet hospital 
room in two sessions one week apart. One stimulus could not be rated because there 
was a reading error while loading the file from the CD-ROM. Because the vocal 
features often changed markedly along the stimuli, judgements were accompanied by 
comments of the type "intermittent," or "increasing at end." For the purpose of 
statistical treatment, these comments were neglected. All features but tension are in 
the 0-6 range. "Tension" ranged from -6 to 6, by treating the "lax" scores as negative 
values. The SNR measures (without the normalisation by the RMS value) were taken 
for the 34 patients are were compared with the perceptual ratings. 
5.5.2 Results 
The agreement between judges and the correlation between perceptual scores and 
SNR measures is shown in the panels of Table 5.2. Although this is not shown, the 
listeners agreed in all modal/falsetto decisions. In a first look, the best agreement 
between listeners occurred for harshness. Harshness also provided the most 
consistent agreement between SNR measures and perceptual ratings. Marked inter- 
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TENSION 
HARSHNESS 	 WHISPERINESS 
0 MUM 
.I 
CREAK 	 TREMOR 
Table 5.2. Perceptual voice assessments and SNR measures. All values are 
Person's correlation coefficients. 
judge discrepancies occurred for creakiness (ML versus JS) and tension (JB versus 
ML). "Tension" provided the worst inter -rater reliability. 
An examination of the original scores indicated that creakiness was rated as 
zero by all listeners in 74% (25/34) of the stimuli, but 3 gross discrepancies occurred, 
leading to a low correlation coefficient. This indicates that the choice of stimuli was 
not adequate for this perceptual feature. A similar situation occurred in whisperiness, 
where the ratings were concentrated around 4. It may have been possible that 
whisperiness was induced by the high levels of harshness in the stimuli. The 
corresponding SNR measures varied considerably, possibly due to shimmer. 
5.5.3 Discussion 
An expected strong correlation between whisperiness and SNR measures did not 
occur. The reduced correlation between perceptual scores and SNR measures of 
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Figure 5.33. Harshness scores and SNR measures. A simplified 4-point scale is 
indicated, the corresponding SNR ranges being approximately: none: SNR > 
25 dB; slight: 25 dB !-~' SNR <20 dB; moderate: 20 dB :!~ SNR < 14 dB; and 
extreme: SNR < 14 dB. SNR values were obtained with the cycle-to-cycle comb 
filter; a correction of +3 dB in the ranges may be necessary if other SNR 
estimation methods are used. 
(1) tremor and (2) tension, was, to some extent, expected. The apparent lack of 
agreement suggests - as far as the rating of sustained vowels is concerned - that a 
specific training of the listeners is necessary. 
The inconsistency among perceptual scores of tremor and vocal tension 
discouraged the design of algorithms to extract acoustic measures intended to predict 
vocal quality features. Possible measures would include: (1) amplitude or frequency 
modulation indices at low rates (say, less than 40 Hz), which may be correlated with 
perceived vocal tremor; (2) the first formant merit factor (F 1 /bw i ), a possible 
quantification of the vocal tract damping, which seems to be partially related to vocal 
tension (Layer, 1981, p.  143); or (3) measures of the spectral distribution of noise, 
which appear to be part of the acoustic cues to "lax" voices (Layer, 1981, p.  142-
143); remember that lax voices were treated here as "negative" tension values. 
Further experiments may require more listeners and better training sessions. It 
appears appropriate to continue using the whole vowel instead of fragments (e.g., the 
onset, or the most stable portion). This is supported by the comments provided by the 
listeners, indicating that the perceived cues may have occurred anywhere in the 
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stimuli. An exception was tremor, which tended to be more prominent at the end of 
phonation. 
The only perceptual feature reliably predicted by SNR measures was 
harshness. A scatter plot of the scores of all listeners and the SNR values is shown in 
Figure 5.33. The differentiation between scalar degrees was mostly unclear, with a 
plateau in the 1-3 range. A 4-point scale and a gross suggestion of associated SNR 
ranges are given in the figure. Improved mappings between acoustic measures and 
perceptual ratings may be achieved with a multidimensional combination of acoustic 
"objective" measures. Perceptual judgement schemes of vowels need amelioration 
also (Kreiman et al., 1993; de Krom, 1995). 
5.6 CONCLUSION 
In this chapter, reliability in automatic F 0 estimation in pathological voices has been 
examined. The performance of three algorithms, namely, the Super Resolution 
algorithm (SR), Schafer-Vincent's (KSV) method, and KSV's modified version 
(KSVmod), were compared with EGG-derived F 0 contours. A slightly better 
agreement between EGG and acoustic F 0 measures occurred when unfiltered signals 
(i.e., with a bandwidth of = 0 to 11,025 Hz) were analysed by the KSVmod 
algorithm, followed by a linear smoothing of the F0 contours. As far as speed of 
processing is concerned, the KSVmod algorithm was the clear choice. 
A further modification of the KSVmod algorithm provided amplitude and 
perturbation measures, but the attention was focused on the more critical SNR 
estimation. A time-domain SNR estimation method based on simple comb filters was 
proposed and evaluated. The evaluation indicated that the proposed method has a 
bias of +3 dB which was, however, fairly stable over the ranges of SNR, F 0, and jitter 
values examined. The proposed SNR estimation method was robust against jitter but 
sensitive to shimmer. Attempts to reduce the influence of shimmer were not 
successful. A simple method for generating jitter according to the First Order 
Perturbation function has been proposed. During the calibration of the algorithm, 
possible limitations in vowels with low first formant emerged. Because the method 
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was tested in Ia!, care should be taken when applying the algorithm to other vowels. 
This limitation seems to apply to any other time-domain method in which the glottal 
periods are delimited by peaks, though. 
Acoustic measures have a potential value for describing the perceived vocal 
quality. Attempts to obtain data on perceptual ratings indicated that the application of 
a simplified VPA protocol to the rating of sustained vowels is not straightforward, 
vowel-specific training being needed. Three listeners did not agree in their 
assessments of vocal tension and tremor. The data are less conclusive for 
whisperiness and creaky voice, because the stimuli apparently did not cover the 0-6 
range. Harshness scores were consistent among the judges and had a strong 
correlation with SNR measures. 
Perturbation measures are also potentially useful for the longitudinal 
evaluation of patients, but this could not be examined with the available recordings. 
Although a relatively large amount of data was collected for this research, the 
recordings had to be limited, due to time constraints, to the patient's "new visit" to 
the Voice Clinic. 
The comparisons carried out in this chapter indicated that Schafer-Vincent's 
(1983) algorithm can reliably identify individual glottal cycles in dysphonic voices. 
Shimmer measures obtained from the significant points appeared to be reliable. As far 
as signal-to-noise ratio measurement is concerned, the limitations imposed by noisy 
peaks were partially overcome by the maximisation described in Equation 5.28. 
Glottal cycle marking by peaks is not appropriate for jitter measures, though. 
Jitter, a parameter remarkably difficult to measure in pathological voices, is 
dealt with in detail in the next chapter. It will be shown that acoustic jitter is more 
consistently estimated in Ia/ vowels than in hi or /uI and that a differential increase in 
EGG jitter can be caused by small laryngeal asymmetries which have been largely 
overlooked. 
Chapter 6 
Jitter Measures and 
Laryngeal Asymmetries 
6.1 INTRODUCTION 
In general, it is difficult to evaluate the accuracy of perturbation measures in real 
dysphonic voices because the true values are unknown or require tedious manual or 
semi-automatic methods to be estimated. In the case of jitter, the comparison of 
acoustic and electroglottographic (EGG) measures may provide information on the 
reliability of the measures. Because the translaryngeal conductance and the oral 
pressure are modulated by a common vibratory mechanism, it can be hypothesised 
that an agreement between EGG and acoustic jitter values, if existent, is an indication 
that the underlying vocal perturbation is being correctly measured. There are 
investigations suggesting that acoustic and electroglottographic jitter measures are 
close, at least in non-dysphonic speakers (Schoentgen & Guchteneere, 1991; Orlikoff, 
1995). 
Jitter - particularly acoustic jitter - has been shown to be remarkably 
sensitive to such features as the vowel type, the data acquisition equipment, or the 
algorithm used for glottal cycle marking (e.g., Doherty & Shipp, 1988; Milenkovic, 
1987; Deem et al., 1989; Titze & Liang, 1993; Bielamowicz et al., 1996). In the first 
232 
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experiment described in this chapter, automatic acoustic jitter estimates will be 
compared with manually corrected EGG measures. The aim is to study the influence 
of period determination methods (peaks, zero crossings, and wavematching) and 
vowel type (lu, /aJ, /u/) on jitter measures. It will be shown that among these three 
vowels, consistent agreement between measures of EGG and acoustic jitter seems to 
occur only for lal. Moreover, this agreement is significantly improved by a new 
acoustic-jitter estimation algorithm (Vieira, McInnes & Jack, 1997) based on a 
combination of peak-picking and zero crossings. 
In a second experiment, the comparison of acoustic and EGG jitter will be 
extended to Ia/ vowels from 110 patients that provided reliable acoustic and EGG 
jitter measures. This extended comparison will reveal that although most paired 
measures seem to agree within certain levels,' there are situations where acoustic and 
EGG jitter measures deviate significantly. Causes of such differences will be 
investigated in detail using acoustic, electroglottographic, and videoendoscopic data. 
As will be justified in subsequent discussions, EGG jitter can increase 
- without a corresponding increase in acoustic jitter - due to abnormalities that 
lead to instabilities in the position of the arytenoid cartilages. These abnormalities can 
be caused by a variety of minor laryngeal asymmetries that seem difficult to detect 
visually in endoscopic images. Not surprisingly, the significance of some of these 
asymmetries as the causative factor of voice disorders has been largely neglected. The 
data collected in this research indicate that these asymmetries are particularly harmful 
to professional voice users and singers. The investigations discussed in this chapter 
suggest a possible way of using acoustic and EGG analysis in the detection of such 
disorders. 
The chapter is organised as follows. After this introduction, section 6.2 deals 
with the issue of reliability in jitter estimation, describing the first experiment 
mentioned above, related to the effects of vowel type and glottal period delimitation 
methods on jitter measures. In section 6.3, the comparison between EGG and 
'Numeric descriptions of this agreement will be provided later in the chapter. 
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acoustic measures is limited to Ia/ vowels but extended to 110 patients. In this 
comparison, possible movements of the arytenoids emerged as a factor that inflates 
EGG jitter. In Section 6.4, anatomical and physiological correlates of such arytenoid 
abnormalities and their clinical relevance are investigated. Finally, the main 
conclusions are summarised in section 6.5. 
6.2 ACOUSTIC JITTER ESTIMATION 
6.2.1 Acoustic jitter: a problematic measure 
The association of acoustic jitter with laryngeal pathologies and perceptual 
judgements of hoarseness was pioneered by Lieberman (1961, 1963). In the following 
25 years, approximately (for reviews, see, e.g., Heiberger & Horli, 1982; Huller, 1985; 
Baken, 1987), attempts to validate and refine Lieberman's ideas were mostly 
concerned with mathematical definitions of jitter, as discussed in chapter 3. The 
effects of the period demarcation methods and of the vowel type have also become 
apparent in earlier studies. For example, Horii (1979) pointed out that (p.  16) 
"[a]nalysis techniques that do not use peak-picking procedures, such as 
zero-axis crossing methods ..., may be a reasonable alternative approach 
to f° jitter analysis. Vowel-dependent jitter characteristics as well as zero-
axis crossing methods of jitter analysis are currently under investigation in 
our laboratory." 
More recent investigations have focused on methodological aspects of 
acoustic perturbation analysis and have identified a number of sources of artifactual 
jitter. In relation to data acquisition procedures, Titze and Winholtz (1993) found that 
a condenser microphone laterally positioned a few centimetres (i.e., 3-4 cm) from the 
mouth reduces aerodynamic artifacts such as plosives or DC air flow. Regarding 
digitisation, direct digital recording into computers at a minimum rate of 20,000 
samples per second, 16 bits per sample, with a possible intermediate DAT (Digital 
Audio Tape), recorder are currently accepted data acquisition methods (Doherty & 
Shipp, 1988; Titze, 1995). 
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Despite the use of better signal acquisition equipment, recent investigations 
have been still inconclusive as far as the techniques for demarcating the fundamental 
period boundaries are concerned. Deem and colleagues (1989) compared 12 
variations of peak-picking and zero crossings, but no procedure was reliable across 
vowel types and speakers. The inferiority of pick-picking methods was evident, 
though, confirming the suggestion of Horii (1979) quoted above and similar findings 
from a study by Titze, Horli, and Scherer (1987). Another comparative study was 
reported by Titze and Liang (1993). They used sinusoidal signals and synthetic 
vowels corrupted by controlled levels of amplitude modulation, frequency 
modulation, and additive white noise, in order to compare jitter measures obtained 
from peaks, zero crossings, and Milenkovic's (1987) wavematching method. They 
concluded that (p.  1133) 
"until more is known about the perturbation patterns to be detected in 
natural voice, it makes sense to use a method that gives the best results 
for artificially produced patterns (modulations). For these, waveform 
matching is the clear choice when frequency variations are below about 
6% per cycle." 
Experiments to be described later in this chapter will show, however, that 
wavematching is not the most reliable approach for the analysis of real (i.e., non-
synthetic) dysphonic voices. 
Only a few recent investigations attempted to validate perturbation measures 
by using real voices. Schoentgen (1989) studied the influence of pre-processing 
methods (lowpass filtering, bandpass filtering, and linear predictive inverse filtering) 
on jitter measures from sustained vowels (Ia!, let, and ILl) and the same vowels in a 
short sentence. The jitter measures were based on peaks in the linear prediction 
residue, zero crossings in a bandpass filtered signal, and a less usual method, the 
"Envelope Variation Criterion" mentioned in his paper. Apart from the results in the 
sustained Ia/ of his male control speakers, there was no general agreement between 
measurement methods. 
Inconsistent jitter measures were also obtained by Bielamowicz and 
colleagues (1996), in a study in which lot vowels from 50 dysphonic speakers were 
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analysed by three commercially available programs. 2 Their conclusion about jitter 
measures is a clear illustration of the uncertainties surrounding this vocal feature: 
"[t]he fact that jitter (a measure of aperiodicity) lacks robustness with 
respect to aperiodicity seems to us a fatal paradox inherent in this 
measure. Consequently, despite its theoretical and historical appeal, we 
believe abandonment of jitter as a measure of pathological voice should be 
seriously considered." (p.  134). 
Abandonment of jitter as a measure of pathological voice remains an unproven 
option. Being a direct by-product of F 0 estimation, discrepancies in jitter measures 
indicate, at least, that F0 detection algorithms should be significantly improved for the 
reliable analysis of dysphonic voices. 
In the experiments carried out here, period marking methods used in other 
studies (i.e., peaks, zero crossings, and wavematching) will be re-evaluated. 
However, it is stressed that - contrary to most systematic studies - the validation 
of acoustic jitter will be tried on real (i.e., non-synthetic) pathological voices. 
6.2.2 Comparison of acoustic and EGG jitter 
To this writer's knowledge, only three published studies, summarised below, 
compared acoustic and EGG jitter measures. Horiguchi and co-workers (1987) 
analysed recordings from 28 non-dysphomc and 31 dysphonic speakers, the stimuli 
being 50 consecutive cycles of the steady portion of sustained Ia! vowels. The 
acoustic signals were picked up by a microphone placed about 20 cm from the lips, 
while a "Fourcin Laryngograph" provided simultaneous EGG signals. Acoustic and 
EGG signals were initially recorded by an audio tape recorder, being subsequently 
digitised at 20,000 samples per second, 12 bits per sample. Fundamental period 
demarcation was apparently automatic and was based on zero crossings in both the 
EGG signal and in a digitally-lowpass-filtered version (fc = 500 Hz) of the acoustic 
signal. The authors reported relatively low correlations between EGG and acoustic 
2  CSpeech (version 4.0; by Paul Milenkovic, Madison, WI, USA); Computerized Speech Laboratory 
(CSL; Kay Elemetrics, Pine Brook, NJ, USA); and SoundScope (version 1.09; GW Instruments, 
Cambridge, MA, USA). 
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jitter values for the non-dysphonic (r = 0.67) and dysphonic (r = 0.47) speakers. 
These poor correlations may have been caused by artifacts, especially due to (1) the 
use of tape recorders, which may cause phase distortion (Doherty & Shipp, 1988); 
and (2) the lack of compensation for EGG baseline drift (Vieira, McInnes & Jack, 
1996). 
A semi-automatic fundamental period estimation method based on the visual 
matching of peaks in the differentiated EGG signal and on zero crossings in bandpass 
filtered versions of the acoustic signal was described by Schoentgen and Guchteneere 
(1991); they refined the temporal resolution by using a parabolic interpolation for 
peaks and a linear interpolation for zero crossings. These authors presented similar 
EGG and acoustic-derived fundamental period-contours but, unfortunately and 
despite the paper's title, jitter values were not reported. 
Recently, Orlikoff (1995) compared EGG and acoustic jitter in recordings of 
non-dysphomc speakers. The stimuli were the mid 3-second portion of eight English 
vowels produced with levels of fundamental frequency and intensity that were 
instrumentally controlled during the recordings. An F 0 extraction algorithm based on 
the Average Magnitude Difference Function (Ross et el., 1974) was applied to both 
signals and resulted in a strong correlation between EGG and acoustic jitter from 10 
male (r = 0.80) and 10 female (r = 0.94) speakers. 
Orlikoffs (1995) study supports the idea that agreement between EGG and 
acoustic jitter exists for non-dysphomc speakers. However, laryngeal pathologies can 
affect these signals in different ways. Moreover, the rigorously controlled sustained 
vowels used in his study can be difficult to obtain in a voice clinic due to time 
constraints or due to the patient's phonatory disorder. The experiment described next 
aimed at investigating the effects of vowel and period demarcation methods on jitter 
measures from dysphonic vowels produced simply in "comfortable levels of pitch and 
loudness." 
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6.2.3 Effects of vowel type and period marker on jitter measures 
6.2.3.1 Stimuli 
Acoustic and EGG signals taken during the maximum phonation of three vowels (hI, 
Ia!, /u/) of 15 patients (8 women, 7 men) were used as stimuli. Details on the data 
acquisition procedures are given in Appendix A2 and Chapter 3. The recorded 
material totalled 424 seconds, patient details and an estimate of the number of cycles 
per stimuli being given in Table 6.1. The number of analysed cycles varied among 
patients due to different phonation times, fundamental frequencies, or unvoiced 
intervals. Slight differences also occurred, for the same patient, depending on the F 0 
detection method (i.e., events vs. wavematching, and EGG vs. acoustic signal). In all 
cases, though, the number of cycles was significantly larger than 190, that is, the 
analysis window that seems necessary before jitter asymptotes in speakers with 
moderate levels of hoarseness (Karnell, 1991). 
CODE 	DIAGNOSIS 	AGE hi 	/aJ 	/u/ 
Fl Functional dysphonia 55 2488 1636 1088 
F2 Muscular dystonia 31 3374 2255 1478 
F3 Presbyphonia 82 357 964 1369 
F4 Unilateral paralysis 49 393 292 605 
F5 Polyp 71 1331 977 1372 
F6 Reinke's oedema 45 325 575 220 
F7 Nodules 33 6680 3099 7868 
F8 Normal 40 762 843 682 
Ml Laryngitis 59 2787 2409 2278 
M2 Cancer 64 715 736 807 
M3 Polyp 38 1097 1042 1201 
M4 Papillomas 31 1532 2019 1130 
MS Mutational dysphonia 29 3433 1447 1808 
M6 Neoplasm 82 2159 1644 1680 
M7 Unilateral paralysis 71 3624 1940 1543 
Table 6.1. Subjects, ages, and number of analysed cycles. "F" and "M" in the 
first column stand for females and males, respectively. Columns Iii, Ia!, and 1w' are 
the number of glottal cycles analysed by the wavematching method on the EGG 
signals. The speakers are the same as those in Table 3.2. After Vieira, McInnes and 
Jack (1997). 
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To investigate the influence of lowpass filtering on acoustic jitter, a second set 
of acoustic stimuli was created by filtering the acoustic recordings at 1000 Hz 
(Chebyshev II, fourth order, minimum attenuation of 25 dB in the stopband). The 
1000-Hz cut-off corresponded to at least twice the maximum fundamental frequency 
detected by the algorithms, as suggested by Titze, Horh, and Scherer (1987). Filtering 
was carried out with zero phase shift (Kormylo & Jain, 1974; see also Figure 3.10, 
p. 84) to avoid possible artifacts caused by phase distortion. 
6.2.3.2 EGG jitter based on manually corrected F 0 contours 
As has been detailed in Chapter 3, the EGG signals were initially pre-processed using 
a bandpass filter (Chebyshev II, 50-5000 Hz, minimum attenuation of 45 dB in the 
stopband) and two consecutive filterings and time-inversions to attain zero phase 
shift. Next, EGG jitter time series based on (1) zero crossings (Vieira, McInnes & 
Jack, 1996) and (2) wavematching (Medan, Yair & Chazan, 199 1) were obtained. 
Instantaneous jitter was measured with the First Order Perturbation Function, PF1 
(Titze & Liang, 1993), but the utterance's mean jitter was defmed as a "restricted" 
perturbation factor, P171 10, which included only instantaneous values not higher than 
10%, that is, 
1F0 (i+1)–F0 (i)I 
PF1(i)= 	 xl00%, 	 (6.1a) 
1 	N10 
PF1 10 =—PF1 10 (i), 	 (6.1b) 
N10 1=1 
where Fo(i) is an instantaneous fundamental frequency value, P171 10(i) is an 
instantaneous jitter value :! ~ 10%, and N 10 is the number of such values in each time 
series. The 10% restriction aimed at limiting EGG and acoustic measures to the same 
range because acoustic values above 10% are rejected in Schafer-Vincent's (1983) 
algorithm, whereas EGG values above this limit could be reliably estimated. 
Subsequently, the 90 EGG jitter time series were visually compared with the 
corresponding EGG waveforms to detect and exclude suspicious values extracted 
from weak, noisy, or irregular signals (see section 3.5.3). In this inspection, whole 
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Figure 6.1. Zero crossing patterns. (top) NZP pattern in a sample of the /aJ 
vowel of speaker M4; (bottom) PZW pattern in the la/from speaker F2. 
time series were excluded from further analysis because their manual correction was 
impracticable owing to the excessive incidence of unreliable values. Finally, the 
restricted PF1 10 (Equation 6. ib) was re-evaluated for all EGG time series. 
6.2.3.3 Automatically obtained acoustic jitter 
Jitter values based on the Super Resolution wavematching method (Medan, Yair & 
Chazan, 1991) and on "events" were calculated from the 90 acoustic waveforms (45 
original signals plus 45 lowpass filtered signals). The modified Schafer-Vincent's 
(1983) algorithm3 was adapted to provide jitter values based on the following events: 
Peaks of the waveforms, 
Parabolically interpolated peaks, 
Up-going ("NZP") zero crossings, and 
Down-going ("PZN") zero crossings. 
When running in the NZP mode (Figure 6. 1, top), the F 0 detection algorithm 
searched for zero crossings in two ways: ahead of negative significant peaks (N) or 
That is, the version with the Test 6a described in chapter 5. 
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behind positive significant peaks (P). In the PZN mode (Figure 6. 1, bottom), jitter 
was similarly estimated from zero crossings ahead of positive peaks (P) or behind 
negative peaks (N). The search for zero crossings stopped at the first crossing within 
1.25 ms, that is, a quarter of the wavelength of a 200-Hz sinusoid. This value 
corresponds to a very low first formant in hi or /u/ (Peterson & Barney, 1952). 
The jitter estimated for each zero crossing mode was defined by: 
PF1 10 (PZN) = + [PF1 10  (P)+ PF1 10 (N)], 	 (6.2a) 
PF1 10 (NZP) = + [PF1, 0 (N)+PF1 10 (P)]. 	 (6.2b) 
Agreement between values obtained from P and N, in the PZN, or from N and P, 
in the NZP mode, can be interpreted as an indication that the same zero crossings 
were correctly detected in most of the glottal cycles of the utterance. This agreement 
was expressed numerically by the parameter "ratio", defined as: 
ratio (PZN) = min[PF1 10 (P) / PF1 10 (N), PF1 10 (N)/ PF1 10 (P)] x 100%, 	(6.3a) 
ratio (NZP) = min[PF1 10 (N) / PF1 10 (P), PF1 10 (P) / PF1 10 (N)] x 100%. 	(6.3b) 
6.2.3.4 Normalised absolute jitter differences 
Every type of acoustic jitter measure was compared with the two types of EGG jitter 
(i.e., based on zero crossings or on wavematching). Because statistical correlational 
analysis can mask significant differences among values (Bielamowicz et al., 1996), the 
concordance between EGG and acoustic jitter measures was expressed as normalised 
absolute differences, that is, 
L\ 	
1PF1 10 (acoustic 1 ) - PF1 10 
 (EGG x 100%, 	(6.4a) (acoustic1) = 
	PF1 10 (EGG 1 ) 
A(acoustic) = -L A(acoustic 	 (6.4b) 
where "i" indicates a speaker and "M" is the number of patients with a 
corresponding EGG jitter estimate; remember that some EGG waveforms were 
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/1/ /u/ /aJ 
orig. flit. orig. flit. orig. flit. 
EGG jitter based on wavematching 
Neg. Peaks 382.89 136.16 248.85 144.19 93.37 69.04 
Pos. Peaks 423.23 145.01 266.74 166.70 128.41 63.89 
PZN 273.40 81.44 177.98 88.76 44.89 102.19 
NZP 285.77 106.09 147.54 103.49 135.16 61.75 
Wavematching 52.07 54.01 31.45 61.26 29.18 27.99 
EGG jitter based on zero crossings 
Neg. Peaks 296.80 90.87 203.02 116.70 59.24 43.03 
Pos. Peaks 316.45 95.79 215.95 136.85 82.34 39.51 
PZN 180.00 47.51 133.42 64.30 26.20 78.51 
NZP 227.54 66.83 124.78 87.58 73.31 40.00 
Wavematching 38.27 35.44 33.04 53.91 40.39 37.74 
max. ratio 10.95 
Table 6.2. Differences (z) between acoustic and EGG jitter measures: 
summary. All values are mean normalised differences, in percent (Equation 4). 
"Orig." and 'filt." refer to the original and filtered acoustic signals, 
respectively. The "max. ratio" method mentioned in the bottom of the table will 
be discussed later in the chapter. After Vieira, McInnes and Jack (1997). 
excluded. These differences will be referred to simply by A or A (i.e., without 
subscripts) for the sake of a simpler notation; the missing details will be understood 
from the context. 
6.2.3.5 Results and discussion 
An overview of the normalised differences (A) for the various methods is given in 
Table 6.2. Details on the "ratio" parameter (Equation 6.3) will be temporarily 
omitted. In the upper part of the table, acoustic measures are compared with EGG 
measures based on wavematching; in the bottom part, acoustic measures are 
compared with EGG measures based on zero crossings. 
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Interpolated peaks are not shown in Table 6.2 because interpolation did not 
affect jitter measures, contrary to previous results by Titze, Horii and Scherer (1987). 
At least two factors might have contributed to this outcome. Firstly, the higher jitter 
levels present in the stimuli analysed here may have masked the influence of a less 
accurate peak determination. Secondly, due to noise, interpolation can be carried out 
around the "wrong" peak. Finally, the significantly higher number of cycles used here 
may have been relevant because time quantisation errors can be reasonably expected 
(1) to be symmetrically distributed around zero; (2) to be statistically independent, 
and, therefore, (3) to have their effects on mean jitter reduced with increasing number 
of cycles. 
Jitter based on peaks. Table 6.2 shows that peaks provided the most 
discrepant measures. The following observations can be drawn from the table: 
Lowpass filtering reduced normalised differences, as might be expected; 
The identification of peaks was more reliable in Ia/ vowels, due to sharper 
peaks, as compared to IL' and /u!; 
There was a better agreement when acoustic peaks were compared with 
EGG zero crossings. 
Jitter based on zero crossings. In Table 6.2, the normalised differences for 
zero crossings are mean values of the PZN or NZP crossings found in the utterances, 
that is, there was no attempt to recognise a "dominant" pattern. In general, 
The worst agreement between acoustic and EGG values occurred for 
non-filtered hi vowels, due to the effects of the (high-frequency) second 
formant; 
There was a better agreement between measures based on acoustic zero 
crossings and EGG zero crossings than between measures based on 
acoustic zero crossings and EGG wavematching; 
Filtering improved all measures but those based on the PZN pattern in Ia! 
vowels. In particular, PiN zero crossings in non-filtered Ia! vowels 
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provided the lowest mean normalised differences (26.20%) in this table. 4 
Jitter based on wavematching. The lowest normalised differences in Table 
6.2 (excluding PZN crossings in non-filtered Ia/ vowels and the max. ratio value) 
were provided by acoustic jitter estimates from wavematching. Regarding 
wavematching-based acoustic jitter: 
The lowest differences occurred in Ia/ vowels and when measures based 
on acoustic and EGG wavematching were compared; 
The influence of filtering, which improved almost all event-based 
measures, was less apparent in the wavematching method. It clearly 
worsened measures from /u/, though. 
In this first analysis, the results shown in Table 6.2 support the currently 
accepted suggestion that wavematching techniques may provide the most reliable 
jitter estimates (Titze & Liang, 1993). Regarding the type of vowel, La/ seemed to be 
more reliably analysed than Iii and /uI in both event- and wavematching-based 
algorithms. As far as the measure of agreement between EGG and acoustic measures 
is concerned, the differences listed in Table 6.2 are relatively large, even for the 
lowest values (i.e., around 30%), and do not support the hypothesis that EGG and 
acoustic jitter measures in dysphonic voices are, in general, "similar." 
The findings of this study are, so far, as disappointing as the conclusions from 
Bielamowicz and colleagues (1996), quoted on p.  236. The fact that PZN crossings in 
/a/ vowels provided values comparable to the wavematching method motivated a 
closer analysis of the results, though. This will be described next. 
6.2.4 The "max. ratio" method for Ia! vowels 
6.2.4.1 Overview 
To derive an insight into the individual behaviour of the measures, the best results 
from values based on zero-crossings and the results for the wavematching-based 
measures are shown in Figure 6.2. In the panels in the left hand side of this figure, 



















1 	 10 
EGG jitter, SR (%) 
tu/ vowels 
• SRqrig. 
• SR tilt. 
1 	 10 
EGG jitter, SR (%) 
Ia] vowels 






0.1 '<' . 
0.1 	 10 




0 13 Ih18 
0.1 
0.1 





o PZN tilt. 








00 	 a 
a PZN orig. 
- 	 0 NZP orig. 
Max ratio 
1 	 10 








.1 	• 	 • SRorig. 
. SR tilt. 
1 	 10 
EGG jitter, SR (%) 
Figure 6.2. Correspondence between acoustic and EGG jitter measures. The 
continuous lines are the locus of the equal-valued measures. The "max. ratio" 
method will be described later in the text. After Vieira, McInnes and Jack (1997). 
PZN- and NZP-based measures are plotted against EGG jitter based on zero 
crossings, while the panels in the right hand side compare acoustic and EGG 
measures based on wavematching. The number of patients in each panel varied 
depending on the number of available EGG values; subsequent tables will provide 
more details. 
An inspection of Figure 6.2 suggests that: 
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Except for most Iu/ and a few hi and Ia! vowels, PZN and NZP zero 
crossings jittered in different ways. This is indicated by the distances 
between the circles and squares in the panels at the left hand side. 
In most cases, lowpass filtering had little influence on wavematching-
based measures. 
Many PZN measures in hi vowels were consistent with EGG measures, 
but a few gross differences occurred. 
Wavematching on Ia/ provided measures consistent with EGG measures 
only for jitter values below = 0.6%. Above this value, acoustic measures 
tended to be underestimated, possibly reflecting the fact that equal-sized 
adjacent windows were used. It has been mentioned (Titze & Liang, 
1993, p.  1132) that "as the timebase expands and shrinks from cycle to 
cycle, adjacent cycles can no longer be matched adequately." This is a 
serious limitation to the use of wavematching techniques (in their present 
form) for jitter estimation in dysphonic voices. 
In most /a/ vowels, either the PZN or the NZP zero crossing measures 
were aligned with EGG measures. This observation will be exploited 
subsequently. 
Figure 6.2 shows that acoustic jitter based on zero crossings may agree with 
EGG jitter based on zero crossings in IL' and hal vowels, even for relatively high jitter 
values (say, above 3%). An important practical question is whether it is possible to 
automatically select which type of zero crossing should be used for a specific stimuli. 
Attempts to detect zero crossing patterns using the "ratio" parameter defined in 
Equation 6.3 are described next. 
6.2.4.2 Detecting PZN and NZP zero crossing patterns 
Tables 6.3-6.5 present individual jitter and ratio values for all speakers and vowels. 
The jitter values shown in these tables (PF1 to)  are those plotted in Figure 6.2. In the 
tables, dashes indicate situations in which the manual correction of EGG jitter time 
series was impracticable. Tables 6.3-6.5 show that more EGG recordings from hi 
Fl 0.27 100 - 0.27 100 
F2 0.85 99 88.89 1.34 92 
F3 0.72 82 - 1.02 78 
F4 2.75 99 252.56 1.42 85 
F5 2.70 90 - 2.94 42 
F6 3.27 71 - 2.77 100 
F7 0.21 100 8.70 0.28 100 
F8 0.38 100 0.00 0.47 94 
	
197.78 	0.45 	0.35 
- - 0.45 























PZN (flit.) 	 NZP (flit.) 	EGG (PF1 10) 
PF1 10 ratio 	A 	PF110 ratio A 	ZC WM 
Ml 0.54 100 54.29 0.54 71 
M2 0.47 98 11.32 0.86 83 
M3 2.36 98 22.88 2.44 38 
M4 0.29 93 9.38 0.66 94 
MS 0.42 98 14.29 0.52 38 
M6 1.31 89 - 1.12 97 
M7 0.75 100 12.79 1.65 96 
47.51 
Table 6.3. Jitter estimates, ratios, and normalised differences () for Al vowels. 
The differences were taken between acoustic measures and EGG measures based 
on zero crossings (ZC). EGG jitter based on wavematching (WM) is shown only 
for reference. The dashes indicate the cases where the EGG waveform was 
rejected for automatic analysis. All values are percentages. After Vieira, McInnes 
and Jack (1997) 
vowels, especially in the female group, were rejected. The cause of this bias was not 
identified, though. In a few cases (e.g., hi: F3 and M6; /u/: M6) EGG values based on 
zero crossings could not be obtained due to waveforms peculiarities that were 
rejected by the F0 detection algorithm (see Figure 3.25f, p.  113). 
Ill vowels. Table 6.3 shows that "ratio" values for Iii vowels were higher in 
more PZN cases than in NZP cases, suggesting that down-going zero crossings were 
more reliably detected. Several patients had ratios above 90% and relatively small 
differences (i.e., below 15%), but situations with high ratios and high differences (i.e., 




NZP (flit.) 	EGG (PF1 10) 
PF110 ratio 	A 	PF110 ratio A 	ZC WM 
Fl 0.56 96 - 0.48 88 - - - 
F2 0.60 98 233.33 0.93 90 416.67 0.18 0.21 
F3 0.59 98 1.72 0.65 91 12.07 0.58 0.49 
F4 1.13 63 121.57 0.87 75 70.59 0.51 0.33 
F5 1.91 82 9.05 2.17 88 3.33 2.10 1.76 
F6 2.42 77 - 2.93 97 - - - 
F7 0.40 100 207.69 0.30 97 130.77 0.13 0.11 
F8 0.63 100 61.54 0.80 36 105.13 0.39 0.29 
Ml 0.36 100 33.33 0.42 88 55.56 0.27 0.26 
M2 0.53 52 26.19 0.89 94 111.90 0.42 0.34 
M3 1.91 94 1.55 1.48 96 23.71 1.94 1.59 
M4 0.61 42 38.64 0.66 79 50.00 0.44 0.41 
MS 0.76 44 31.03 0.48 67 17.24 0.58 0.34 
M6 2.07 63 - 1.08 99 - - 1.66 
M7 0.47 71 6.00 0.77 82 54.00 0.50 0.45 
64.30 87.58 
Table 6.4. Jitter estimates, ratios, and normalised differences (4) for Lu! vowels. 
The differences were taken between acoustic measures and EGG measures based 
on zero crossings (ZC). EGG jitter based on wavematching (WM) is shown only 
for reference. The dashes indicate the cases where the EGG waveform was 
rejected for automatic analysis. All values are percentages. After Vieira, McInnes 
and Jack (1997) 
above = 25%) also occurred. Moreover, recordings from two patients (M4 and M7) 
provided NZP- and PZN-based measures with ratios above 90% but discrepant jitter 
values. These inconsistencies suggest that zero crossings in hi vowels may not be a 
reliable acoustic correlate of EGG zero crossings. 
Iu/ vowels. Jitter estimates from huh vowels are shown in Table 6.4. Filtering 
improved the agreement of acoustic and EGG measures, but the agreement was 
poorer than in hi vowels. These two vowels have their first formants approximately in 
the same range (Peterson & Barney, 1952; see also Figure 4.3), but the lower second 
formant of huh was still present in the lowpass filtered stimuli, affecting the zero 
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ACOUSTIC 
PZN (flit.) NZP (flit.) EGG (PF1 10) 
PF110 ratio A PF1i0 ratio A ZC WM 
Fl 2.40 21 - 1.59 22 - - - 
F2 0.79 95 3.95 1.92 83 152.63 0.76 0.63 
F3 0.95 68 6.74 0.92 90 3.37 0.89 0.69 
F4 1.69 71 116.67 0.90 95 15.38 0.78 0.54 
F5 2.26 90 14.72 3.45 47 30.19 2.65 1.99 
F6 2.10 99 6.67 2.38 93 5.78 2.25 1.76 
F7 0.34 100 12.82 1.75 30 348.72 0.39 0.21 
F8 0.46 100 6.12 1.41 21 187.76 0.49 0.36 
Ml 0.26 82 23.81 0.27 67 28.57 0.21 0.22 
M2 0.38 88 5.00 0.58 63 45.00 0.40 0.41 
M3 1.82 47 70.55 5.67 43 8.25 6.18 4.81 
M4 0.42 68 31.25 0.36 97 12.50 0.32 0.28 
M5 0.76 69 - 0.77 83 - - - 
M6 2.35 78 - 5.73 11 - - - 
M7 1.25 93 16.11 2.11 64 41.61 1.49 1.22 
26.20 73.31 
Table 6.5. Jitter estimates, ratios, and normalised differences () for La! vowels. 
The differences were taken between acoustic measures and EGG measures based 
on zero crossings (ZC). EGG jitter based on wavematching (WM) is shown only 
for reference. The dashes indicate the cases where the EGG waveform was 
rejected for automatic analysis. Values in boldface emphasise the measures with 
ratio higher than 80% for which an EGG jitter value based on zero crossings was 
available. All values are percentages. After Vieira, McInnes and Jack (1997) 
crossings. Situations with (1) high ratio values from both zero crossing directions but 
(2) discrepant jitter values also occurred in this vowel (e.g., F2, F7). Therefore, 
reliable automatic measures could not be obtained in /u/. 
/a/ vowels. Contrary to the other studied vowels, zero crossings in the non-
filtered Ia/ provided the best agreement between EGG and acoustic jitter measures. 
Lowpass filtering (cut-off at 1000 Hz) certainly affected the first formant, which may 
fall in the 600-1100 Hz range (Peterson & Barney, 1952). 
Table 6.5 shows that ratio values tended to be noticeably higher in only one 
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zero crossing direction. A simple method ("max. ratio" method) can thus be devised 
to estimate jitter in these vowels: 
Max. ratio jitter estimation method (Ia! vowels) 
Obtain jitter values for PZN and NZP zero crossings (Equations 6.1-6.2), 
and the corresponding ratio values (Equation 6.3); 
The estimated jitter is the PZN or NZP value with the maximum ratio, if 
ratio is above 80%; 
If both ratio values are less than 80%, jitter cannot be reliably estimated. 
Jitter values selected with the above procedure are indicated by boldfont in 
Table 6.5. The mean normalised absolute difference of the so-selected values was = 
10.95% (standard deviation: 6.44%, range: 3.37%-23.81%). Although there was only 
a small correlation (r = -0.40) between ratio values and the corresponding E values, 
"ratio" appears to be a reliable parameter to reject noisy zero crossings. 
Regarding the accuracy of the jitter measures, the possibility of systematic 
differences due to artifacts or signal peculiarities cannot be ruled out, but the 
distribution of triangles along the continuous line in Figure 6.2 (panel at the bottom, 
left hand side) indicates that no bias was introduced by the algorithms. This was also 
confirmed by a mean normalised signed difference (i.e., excluding the modulus from 
Equation 6.4a) of 0.22%. 
It is important to reiterate that more reliable jitter measures from Ia/ have 
already been reported elsewhere. Schoentgen (1989, p.  69) observed that "apart from 
[a], between processing differences were systematic for all vowels for both control 
and dysphonic speakers." Milenkovic (1987) used linear predictive coding to 
synthesise vowels based on natural stimuli (hi, Ia!, /u/) from 6 non-dysphonic 
speakers. The fundamental frequencies of the synthesised signals were identical to the 
values of the corresponding natural vowels, but jitter and shimmer values were set to 
the values measured in the natural Ial. The re-estimated jitter values showed marked 
degradation in hI and hub, as seen in Table 6.6, which shows normalised differences 
() computed from his data. He pointed out that vowel-to-vowel differences may 
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Speaker Ia] /u/ /1/ 
Ml 7.14 64.29 55.56 
M2 24.32 40.54 208.33 
M3 20.00 22.86 105.88 
Fl 16.00 60.00 257.14 
F2 12.50 37.50 77.78 
F3 23.08 53.85 116.67 
17.17 46.50 136.89 
Table 6.6. Normalised absolute differences. Differences between the correct and 
re-estimated jitter values for the vowels synthesised by Milenkovic (1987, p.  537). 
All values are percentages. After Vieira, McInnes and Jack (1997). 
have occurred due to differences in the vocal tract impulse response, suggesting that 
(p. 537) "the measurement of Ia/ would give jitter and shimmer values closest to the 
underlying voice source." The values in Table 6.6 are also one of the few comparative 
values of jitter reported for individual "speakers" (note that the signals were actually 
synthetic waveforms). Dysphomc speakers were investigated in the present research, 
but the obtained differences are of comparable magnitude to those in Table 6.6. 
6.2.5 Discussion 
The proposed max. ratio method for jitter estimation in Ia/ exploits features that are 
not reliably detected in the other studied vowels (see also Figure 6.3): 
Peaks in Ia/ are sharper than in other vowels, being more precisely 
identified. 
Due to high-frequency first formants, successive significant peaks are 
closer in IaJ vowels than in lit and IuI, leaving "less time" for acoustical or 
physiological events to occur that could introduce artifactual jitter. 
Due also to high-frequency first formants, zero crossings are steeper in Ia/ 
than in the other studied vowels, providing a higher immunity to glottal 
noise or formants of higher frequencies. 
Waveforms of Ia/ vowels tend to have a significant reduction in intensity 
at the end of the glottal cycles, so that interference between the tail of a 
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Figure 6.3. Superiority of zero crossings in La! vowels. Note the clean zero 
crossings (PZN) in Ial. The irregular EGG waveform of Iii was rejected for 
automatic analysis. EGG signal shown without baseline drift correction. An 
endoscopic image from this patient (ES) is given in Figure 3.18c (p.  97). 
cycle and the onset of next cycle is less accentuated in /aJ than in hi or /u/ 
(Milenkovic, 1987). 
hal vowels are articulated with a more open mouth and a less constricted 
vocal tract, reducing source-filter aerodynamical interactions. 
Because the tongue is in a more neutral position in ha/ than in hi! or /u/, 
there may be also a reduction in supraglottal movements that can interfere 
with the glottis. Movements of the base of the tongue and of the epiglottis 
can have a direct effect on the size of the vestibule, connecting also to the 
arytenoids by means of the hyoid bone (see Figure 2.1) or the 
quadrangular membrane (Figure 6.4), particularly for hi! and /u/ vowels 
(Rossi & Autesserre, 1981). These peculiarities in the movements of the 












Figure 6.4. Coupling between the arytenoids and the epiglottis. Endoscopic 
image (left) and schematic drawing (right). The quadrangular membrane (i.e., 
the aryepiglottic fold) mechanically couples supralaryngeal movements with the 
intrinsic laryngeal structure. The characters ("49 Hz ", etc.) shown in the figure 
at the left are irrelevant. Drawing adapted from Fink and Demarest (1978, p. 
37). 
tongue, epiglottis and, possibly, the arytenoid cartilages, can affect EGG-
and acoustic-derived perturbation measures in different ways, as will be 
discussed later in the chapter. 
Regarding the detection of PZN and NZP zero crossing patterns, it can be 
expected that one of these zero crossing types will be stable and dominant in /aJ 
vowels produced with quasi-constant levels of pitch and loudness, because there is 
little change in the fundamental frequency, intensity, and in the formant structure. 
Down-going (PZN) zero crossings seem to occur more often. The conditions that 
would lead to each type of zero crossing did not become apparent during this 
research, though. A slow glottal closure or the existence of glottal chinks may cause a 
low-frequency airflow that becomes a relevant factor in the definition of the zero 
crossing pattern, but this remains to be investigated. 
The max. ratio method of jitter estimation has been shown to be a simple and 
robust approach. The method is restricted to sustained /ai vowels and, possibly, other 
mid-vowels, but provided measures consistent with EGG values. The corresponding 
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normalised mean difference (A = 10.95%) was significantly smaller than differences 
obtained by the wavematching-based algorithm (e.g., A = 27.99%, in lowpass 
filtered Ia! vowels). As far as robustness is concerned, the max. ratio method has also 
a built in strategy to reject unreliable estimates. 
As a natural conclusion of this study, the difficulties in obtaining consistent 
acoustic and EGG jitter from hi and /uI lead to questions about the validity of using 
such vowels - as well as connected speech for jitter analysis in dysphonic 
speakers. Measures of acoustic jitter in vowels different from /aJ (or, possibly, other 
mid vowels) seem to be inappropriate, if not invalid. 
6.3 AN EXTENDED COMPARISON OF EGG AND ACOUSTIC JITTER 
In the experiment described in this section, the comparison between EGG and 
acoustic measures in Ia/ was evaluated in as many speakers as possible. This study 
was an extension of a previous investigation published elsewhere (Vieira et al., 
1996a). The main objective was to determine the extent to which acoustic and EGG 
measures would agree in a wider range of pathologies and speakers. As will be 
justified below, the agreement between EGG and acoustic jitter held for most 
measures, but discrepant values were obtained despite adequate signals. Causes for 
those disparities were investigated and will be discussed. 
6.3.1 Method 
As seen in section 3.5, the EGG quality control accepted electroglottograms from 
137 cases. EGG jitter based on zero crossings and acoustic jitter based on the max. 
ratio method were extracted from the Ia/ vowels of these 137 patients. The time-
consuming manual correction of EGG contours was not attempted in this experiment 
because it was felt that the EGG quality control described in chapter 3 would suffice. 
From the 137 patients, cases that satisfied the following conditions were 
considered for further analysis: 
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Unvoiced intervals detected in the EGG and acoustic signals were, in 
each signal, less than 25% of the utterance duration. This guaranteed that 
at least 50% (arbitrary) of the utterance provided EGG and acoustic F 0 
contours. 
Acoustic jitter measure was successfully obtained by the max. ratio 
method. 
Data from 110 patients fulfilled the above criteria. The voicing detection requirements 
excluded 8 out of 137 speakers, leaving 129 cases. The max. ratio condition excluded 
19 out of 129 cases (in other words, a dominant zero crossing pattern was not 
detected in approximately 15% of the speakers). The distribution of pathologies 
among the 110 cases was similar to the 137 cases studied in chapter 3 (Table 3.3, 
p. 114). 
To evaluate the existence of bias in the algorithms, signed normalised 
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Figure 6.5. Distribution of signed normalised differences. Differences between 
EGG and acoustic jitter, A (Equation 6.5), for 110 dysphonic speakers. The 
rightmost bin accumulates all differences between 102.5% and 167.5%. The 
shaded bins are discussed in the text. 
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PF1 10 (acoustic) - PF1 10 (EGG) = 	
x 100%, 	 (6.5) 
PF 1  (EGG) 
where PF1 10() is the stimulus' mean jitter, obtained with Equations 6.1 and 6.2. 
6.3.2 Results 
A histogram of A -values is shown in Figure 6.5. In this figure, 
Most differences (= 64%) were concentrated within ±22.5%; 
The dark bins at the right hand side emphasise the cases (= 12%) in which 
acoustic jitter was significantly larger than EGG jitter (i.e., A > 22.5%); 
The dark bins at the left side indicate the patients (24%) whose acoustic 
jitter was significantly smaller than EGG jitter (i.e., A <-22.5%). 
A scatter plot of the jitter measures is presented in Figure 6.6. This figure 
indicates that consistent jitter estimates were obtained up to 2.7%, a relatively large 
value, confirming the robustness of the acoustic jitter estimation method. 









1 	 10 
EGG jitter (%) 
Figure 6.6. Scatter plot of acoustic and EGG jitter. Data from 110 dysphonic 
speakers. The three lines in the plot indicate the conditions where the 
normalised differences, A, are +22.5% (top), 0% (mid), and -22.5% (bottom). 
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DIAGNOSIS 	 CASES 
Cyst 2 





Reinke' s Oedema (post surgery) 2 
Spastic dysphonia 1 
Total: 13 
Table 6.7. Large-acoustic-jitter group (A > +22.501o). Note the predominance 
of lesions characterised by a slight increase in vocal fold mass, with a possible 
hour-glass-shaped glottal chink. 
highlighted in Figure 6.5, a careful inspection of acoustic and EGG waveforms, plots 
of jitter time series, videoendoscopic sequences, and medical history details, was 
carried out. The findings of these analyses are discussed next. 
6.3.3 Normalised differences above +22.5% 
Thirteen cases (13/110 = 12%) fell in this range. The diagnoses, summarised in Table 
6.7, indicate a predominance of small lesions like nodules or cysts. The case of 
papilloma also fell in this description, because endoscopic images showed only one 
small lump that affected the antero-dorsal part of the right vocal fold. 
The acoustic signals of most patients in this group were characterised by high 
levels of noise caused by incomplete glottal closure. Although high ratio values were 
obtained during acoustic jitter estimation, the noise seems to have affected the 
regularity of the zero crossings. This is illustrated in Figure 6.7, with data from the 
worse case in this series (A = +164.41%), obtained from a 44-year-old woman with 
nodules. The top panel of this figure shows a fragment from the initial part of the 
vowel, which seems fairly appropriate for jitter analysis. The bottom panel, though, 
typical of the mid and final part of her phonation, shows noise affecting the acoustic 
zero crossings. Because this type of problem was a purely acoustic artifact, there was 
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Figure 6.7. Unilateral increase in acoustic jitter. Acoustic waveforms are in solid 
lines and EGG waveforms (without baseline drift compensation) are in dotted 
lines. Top: clean acoustic zero crossings (arrows) from the initial portion of the 
1w' vowel. Bottom: noisy or irregular crossings, typical in the mid and final parts 
of the stimuli. Data from the patient with the largest A -value (+164.41%); the 
corresponding EGG and acoustic jitter measures were 0.59% and 1.56%, 
respectively. 
no corresponding increase in EGG jitter. 
Under the hypothesis that extreme breathy voices can give rise to artifactual 
increase in acoustic jitter, it was unexpected that cases of vocal fold paralysis were 
not seen among the diagnoses shown in Table 6.7. There were 3 cases of unilateral 
paralysis in the 110-patient group, but the A values from these 3 speakers (0.56%, 
-13.04%, and -25.61%) suggests that EGG jitter estimates tend to be larger than 
acoustic jitter measures in the case of paralysis. It is emphasised that unilateral 
paralyses of the recurrent nerve usually lead to poor vocal fold contact and, therefore, 
unusable EGG signals. In the 3 cases cited in the text, 2 patients presented with 
recovering paralysis (caused, possibly, by viral neuropathy), while the remaining 
patient had a previous phonosurgery (thyroplasty) to adduct the paralysed fold. 
Subsequent discussions will show that a differential increase in EGG jitter can be 
caused by instabilities in the contact of the arytenoid cartilages, a situation that can 




Acid laryngitis 2 
Cyst 2 
Dysplasia 1 
Intubation granuloma 1 
Laryngeal trauma 1 
Myopathy 1 
NAD 4 




Table 6.8. Large-EGG-jitter group (a <-22.5%). Acid laryngitis is an 
irritation on the posterior larynx caused by gastro-oesophageal reflux. 
Dysplasia is a general term for the formation of abnormal tissue. NAD stands 
for No Abnormality Detected. 
occur in partially recovered vocal fold paralysis. It appears that the effects of 
arytenoid movements on EGG jitter are larger than the effects of glottal noise on 
acoustic jitter. 
6.3.4 Normalised differences below -22.5% 
A total of 26 patients provided EGG and acoustic jitter estimates with a normalised 
difference below -22.5%. To achieve a better understanding of the videoendoscopic 
fmdings, the diagnoses in this group, shown in Table 6.8, can be grouped into 3 main 
classes: 
No abnormality detected or nearly normal larynxes (NAD, acid laryngitis, 
psychogenic/spastic/functional dysphonias, myopathy); 
Abnormalities in the posterior glottis (laryngeal trauma, intubation 
granuloma, and paralysis); 
Lesions of the vocal fold mucosa (scar/stripping/radiotherapy). 
The cases of cyst and dysplasia do not fall into the above classification and would 
conform better with the findings of 6.3.3. 
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Figure 6.8. Movement of the ar tenoid cartilages during phonation. The arrow 
in panel 1 points to a gap between the arytenoids. This gap is minimum between 
frames 3 and 5, and reaches a maximum in frame 7, reducing thereafter. The 
time interval between the panels of the figure is irregular because some 
intermediate frames of the stroboscopic sequence are not shown. 
A frame-by-frame analysis of the videoendoscopic images suggested that, in 
many cases, EGG jitter may have been modulated by random (or, possibly, sub-
harmonic) vibrations in the posterior glottis. More specifically, vibrations may occur 
in the contact area (1) between the arytenoid cartilages, or (2) between the 
corniculate cartilages.' 
Vibration of the arytenoids is illustrated in Figure 6.8. In this figure, from a 
particularly interesting case of laryngeal atrophy, the arytenoid cartilages are clearly 
It is remembered that the corniculate cartilages rest on top of the arytenoids and are believed to 
behave like protective cushions to absorb the impact of the arytenoids during laryngeal adduction. 
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delineated. The gap between the arytenoid cartilages, indicated by the arrow at the 
frame number 1, varied during phonation. This was certainly the cause of unilateral 
increase in the EGG jitter of this patient .6 
Vibrations of this kind are, in fact, difficult to see, especially in the low-speed 
images recorded in VHS (Video Home System) that were used in this research. In 
many images, the contour of the cartilages at the posterior larynx during adduction 
was not as clear as in Figure 6.8. However, another indication that the contact 
between the cartilages in the posterior larynx can vary during phonation was seen in 
the images of many patients whose normalised differences were, mostly, less than 
-20%, approximately. Asymmetries seen in the phonatoi' position of the arytenoids 
and in their respiratory or pre-phonatory manoeuvres were a common denominator 
of many cases (13/26) that included: 
• Three patients with paralysis (one patient having had a thyroplasty, the 
other cases presenting either a well compensated paralysis of the left 
recurrent nerve or a mechanical fixation of the arytenoid); 
• One case of laryngeal trauma due to an anaesthetic intubation that 
dislocated the left aiytenoid; 
• Eight cases of "no-abnormality detected or nearly normal" larynxes, as 
mentioned before (p.  259). Among these cases, there was a situation that 
agreed with descriptions of unilateral paralysis of the superior laryngeal 
nerve (e.g., Bevan et al., 1989), and other conditions that suggested, for 
example, selective unilateral paralysis of the posterior cricoarytenoid 
muscle, as illustrated in Figure 6.10. A more detailed account of these 
asymmetries will be given in another section. 
The images of other cases (7/26) also suggested that unilateral increase in 
EGG jitter may occur due to laryngeal hype,function. In these dysphonias, as 
described by Hirano and Bless (1993, p.  179), 
6  The A value of this 72-year old male patient was -21.43%, so that he is not included in the 26 
cases mentioned before. 
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Figure 6.10. Asymmetrical position of the arytenoid cartilages. In this frame, 
taken from a maximum inspiratory opening, the arrows point to the apex of the 
arvtenoids, the glottal mid-line is also suggested. Note that the patient's right 
arytenoid is rocking inward, possibly due to a partially impaired posterior 
cricoarytenoid muscle. 
"[t]he false folds are often excessively adducted. The epiglottis is strongly 
pulled backward and the arytenoids are markedly pulled forward during 
phonation. The vocal folds are often shortened." 
A lessening of the (acute) angle defined by the edges of the aryepiglottic folds and the 
posterior commissure (Figure 6.9) is also typical. 
Hyperfunctional larynxes seem to have enough ingredients for arytenoid 
instabilities. The images of the seven (possibly) hyperfunctional cases did not provide 
conclusive observations, but it can be hypothesised that the corniculate cartilages 
could also shiver, incrementing EGG perturbation measures. The corniculate 
Figure 6.9. Laryngeal hypertension. The drwtii angle is more acute in a 
hypertense larynx (left) than in a non-tense larynx (right). Note, in the left panel, 
that the arvtenoids are pulled towards the glottal mid line. Also, the ventricular 
folds (arrow) seem tight and elongated, due to increased medial compression 
and longitudinal tension, respective/v. In the hvperfunctional larynx, the 
an'tenoid may fail inward due to fatigue of the PCA muscle (Harris & 
Lieberman, 1993). 
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Figure 6.11. C'orniculate cartilage. Posterior view of the larynx, showing the 
small corniculate cartilages on top of the arytenoids. After Fink and Demarest 
(1978, p. 36). 
cartilages can be seen in Figure 6.11. Unfortunately, the range of A values seen in the 
cases of possible hyperfunctional dysphonia overlapped the range associated with the 
previously mentioned cases of asymmetry in the position of the arytenoids. 
6.3.5 Discussion 
This comparison of acoustic and EGG jitter from 110 pathological voices indicated 
that in 64.54% of the cases (7 1/110) the normalised differences agreed to within 
±22.5%. Significant unilateral increase in acoustic jitter, that is A > +22.5%, 
occurred in 11.82% (13/110) of the cases, which were typically extremely breathy 
voices. Significant increase in EGG jitter, that is, A < -22.5%, occurred in 23.64% 
(26/110) of the cases. EGG jitter seem to have been inflated (1) by possible 
movements of the corniculate cartilages, and/or (2) by movements of the arytenoid 
cartilages, which may not be tightly clamped in cases of laryngeal asymmetry. 
It might be expected that perturbations in the posterior glottis would increase 
EGG shimmer. A scatter plot of EGG shimmer vs. A values is shown in Figure 6.12. 
This figure indicates that high shimmer actually tended to occur at negative A values, 
but there is no clear indication of a strong correlation between these parameters in the 
semi-planes of Figure 6.12. EGG shimmer is also likely to increase due to 
perturbations originated anywhere in the glottis due, for example, to mucous bridges. 
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Figure 6.12. Normalised jitter differences and EGG shimmer. The dotted lines 
are at A = ±22.5%. 
The vascular pulse is another factor that can inflate only EGG perturbations. 
Orlikoff and Baken (1989) claimed that the heartbeat would affect "vocal" 
fundamental frequency, hypothesising that (p.  580) "F0 modulation is likely to be tied 
to pressure-related changes in the stiffness of the vocal fold vascular bed and by 
alterations of the geometry of the thyroarytenoid muscle as a consequence of periodic 
vascular engorgement." Remembering that the EGG technique evolved from a 
method designed to detect blood flow, a more realistic phenomenon seems to be the 
modulation of the EGG signal by the vascular pulse passing through the carotid 
artery. While a heartbeat-related component in the EGG jitter is reasonable, it seems 
unlikely that the acoustic signal will have such component. Possible effects of 
heartbeat on the electroglottogram are shown in the top part of Figure 6.13. The 
bottom part shows the corresponding F 0 contours, but signs of heartbeat effect are 
not suggested in any of these contours. 
Turning the attention back to laryngeal asymmetries, an analysis of the 
medical literature indicated that a number of abnormalities can lead to asymmetries in 
the posterior larynx. These asymmetries, as will be discussed in the next section, seem 
to be common predisposing factors of dysphonias that have been passed undetected in 
the clinical practice. Jitter analysis of simultaneously recorded EGG and acoustic 
[.1 
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Figure 6.13. Heartbeat effects on the EGG signal. Possible beats are indicated by 
the three non-labelled arrows in the top panel. EGG signal shown without 
compensation for baseline fluctuation. No corresponding effect is visually seen in 
the acoustic signal or in the F0 contours. In the bottom panel, the EGG contour was 
shifted down by 50 Hz for visualisation purposes. Note the vibrato in the voice of 
this female singer. 
signals can indicate the existence of such asymmetries when A values fall below 
-20%, approximately. The method is not selective enough to exclude cases of possible 
laryngeal hyperfunction, though. Also, in cases where there is instability in the 
position of the arytenoids and a glottal chink, EGG jitter induced by arytenoid 
movements can be compensated (during the computation of A values) by acoustic 
jitter induced by glottal noise. 
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6.4 RELEVANCE OF MINOR LARYNGEAL ASYMMETRIES 
Unilateral paralysis of the recurrent nerve is a common finding in ENT voice clinics. 
A typical scenario is a patient complaining of a weak and breathy voice, with possible 
aspiration of liquids, after a surgery in the chest or neck. In these cases, endoscopic 
examinations often show the left fold immobile in an abducted position and a 
longitudinal triangular chink. In practice, though, clinicians are faced with a number 
of situations that do not fit in ENT text-book examples like this. Situations occur 
where 
The voice sounds "normal" to the clinicians but, quite often, the patient 
describes difficulties in the singing voice: a reduced pitch range or 
problems (e.g., "cracks") in specific notes. 7 
Endoscopy suggests no structural abnormality but vocal fold 
asymmetrical vibration may be seen during stroboscopy. 
No predisposing or triggering factor is promptly identified in the patient's 
medical history, although the patient may be an intensive voice user. 
Voice problems of this type are frequent among diagnoses of functional dysphonias 
and in the no-abnormality-detected group. 
Subtle laryngeal abnormalities that affect the phonatory position of the 
arytenoids can help understand a number of such dysphonias. Most importantly, 
phonatory abnormalities can be interpreted purely in biomechanical terms, that is, 
neurologic/spasmodic components do not seem necessary. Causes of such 
asymmetries and their phonatory implications will be discussed in this section. 
6.4.1 Limitations of the analysed data 
Attempts will be made to associate cases available in the database with descriptions 
found in the medical literature, but it is important to be aware of limitations in the 
studied data. Firstly, the lack of electromyographic (EMG) recordings impeded any 
This indicates the importance of not limiting phonatory tasks to conversational speech or sustained 
vowels in "normal" or "comfortable" pitch levels. If a patient complains, for example, of "a click in 
B flat," he or she should be asked to demonstrate the problem, which should be recorded and 
analysed with the available instruments. 
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categorical conclusion regarding the abnormalities being considered here. It is 
observed, though, that even if a multichannel EMG equipment had been available 
during the data collection phase of this research, electromyography would have been 
tried only in a few cases. Moreover, simultaneous recordings from all intrinsic 
muscles, including the left and right sides, are not possible with current EMG 
techniques. Apart from the cricothyroid (CT) and thyroarytenoid (TA) muscles, the 
other laryngeal muscles - particularly the posterior cricoarytenoid (PCA) muscle 
are difficult to reach (Hirose & Gay, 1972; Hirano, 1981a; Bevan, Griffiths & 
Morgan, 1988; Fujita et al., 1989). 
A second limitation to the interpretation of the images comes from the use of 
(low speed) video recordings, which do not provide details about the fast movements 
of the cricoarytenoid joint (CAJ), as was pointed out by von Leden and Moore 
(1961). The symmetry of the movements can be assessed, though. 
Finally, further difficulties arise from apparent asymmetries in the posterior 
larynx due to distortions caused by the incorrect positioning of the endoscope. 
Remembering that an oral telescope was used in connection with this research, 
distortions were seen when the endoscope, possibly, (I) was not aligned with the 
glottal mid line, (2) was rotated in relation to its longitudinal axis, or (3) had its tip 
closer to one arytenoid than the other. An example of such distortions is given in 
Figure 6.14. Artifactual asymmetry. These frames, from the same patient, show 
that the positioning of the telescope can lead to a false impression that either the 
patient's right ar'tenoid (left panel) or the left arytenoid (right panel) is falling 
inward. It is important to analyse video sequences because the interpretation of 
still frames can be misleading. 
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Figure 6.14. Similar artifacts have been reported in connection with nasal fibreoptic 
endoscopy (Sawashima & Ushijima, 1971; Casper, Brewer & Colton, 1988). 
6.4.2 Recovering paralysis of the recurrent nerve 
The study of the paralysed larynx is by no means a new area. Woodson (1993, p. 
1227) observed that "[i]n 1892, Semon amassed a bibliography of 232 papers on the 
subject !,,8  Despite this long history, full of a bitter controversy surrounding Semon's 
law9 (see review in Luchsinger & Arnold, 1965, pp.  218-249), the scenario is, 
currently, not much different (e.g., Sasaki et al., 1980, Woodson, 1993, 1993a; 
Crumley, 1994). Semon's law is no longer accepted but the fundamental questions he 
tried to explain are still being investigated. The laryngeal behaviour during recovery is 
of particular clinical interest. 
In the clinical practice, partially recovered paralysis frequently goes 
unrecognised because the laryngeal aspect depends on many factors, including the 
affected site of the nerve and the degree of the injury (e.g., Crumley, 1979, 1982; 
Gordon, 1994). Having the branches of the Vagus nerve in mind (Figure 2.8, p. 24), 
the immediate post-trauma position of the vocal fold may be predictable (Luchsinger 
& Arnold, 1965) but years may have passed between the nerve damage and the 
patient's visit to a voice clinic. Random reinnervation processes may occur. 
In an extremely simplified representation (Figure 6.15a), a motoneuron fibre 
can be seen as an axon surrounded by a layered sheath which is responsible, among 
other functions, for mechanical protection and electrical isolation of the axon 
(Carpenter, 1996, p.  9). As indicated in Figure 6.15b, the fibre functionality can be 
partially affected - but not totally disrupted - if the sheath is mechanically crushed 
8 He cites F. Semon (1892), The study of laryngeal paralysis since the introduction of the 
laryngoscope. Brain 15, pp.  143-159. 
According to Luchsinger and Arnold (1965, p.  225) "[t]his  law was used to explain the sequence of 
paralytic conditions of the vocal cords. Accordingly, four stages of laryngeal paralysis were 
distinguished: (1) isolated abductor paralysis; (2) midline position of the paralyzed cord, as a result 
of spastic contracture of the adductors; (3) "cadaveric" cord position in the stage of complete 
paralysis of all muscles innervated by the recurrent nerve; and (4) compensation of the paralytic 
condition by the crossing over the midline of the healthy cord." See further discussions, re-
interpretations, and corrections on Semon's law in Luchsinger and Arnold (1965, pp.  225 ff.). 










Figure 6.15. Nerve injuries. (a) simplified representation of a healthy nerve. 
(b) first degree injury, where transport mechanisms within the fibre are blocked 
but the fibre components are preserved. (c) second degree injury, where axonal 
continuity is interrupted but the axon can regenerate (guided by the sheath) to the 
correct muscle units. (d) third degree injury, where the fibre is interrupted; during 
regeneration, axon sprouts (dashed lines) can enter to any available damaged 
fibre. After Crumley (1979). 
or stretched (e.g., due to a goitre), or inflamed (e.g., during a an infection). It is 
common to see patients with small degrees of paralysis months after a laryngeal 
infection has been cured. This is illustrated in Figure 6.16, where the patient's right 
arytenoid has limited adductory movement, but vocal fold contact is achieved without 
the healthy side having to move beyond the glottal mid line. This figure also suggests 
a thinned left vocal fold and a certain adduction of the ipsilateral ventricular fold. 
After nerve fibres have been fully transected (Figure 6. 15d), a regeneration 
process that was described as "fascinatingly complex, and poorly understood" 
(Crumley, 1982, p.  6) takes place. Of particular relevance is the fact that "a foreign 
nerve would reinnervate a denervated muscle ... [but] a normal (sic.) muscle would 
not accept any additional innervation." (Crumley, 1982, p.  6). This can lead to a 
condition known as synkinesis, that is, the unintentional movement of one muscle due 
to the voluntary movement of another muscle. 
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Figure 6.16. Possibly partially recovered viral neuropathy I. Note the limited 
movement of the patient's right arytenoid. Images from a 48-year-old man, 
lecturer and amateur singer, non-smoker, suffering from hay fever during the 
examination and complaining of occasional voice loss and roughness in the 
previous 18 months. 
6.4.3 Laryngeal synkinesis 
In the larynx, the proximity and interweaving of abductor and adductor nerve fibres 
- beautifully shown by Sanders and colleagues (1993) - can give rise to cross-
reinnervation, that is, adductor fibres partially innervating the abductor muscle (the 
PCA), or abductor fibres activating adductor muscles. In the clinical practice, "certain 
cases of vocal cord paralysis ... are actually instances wherein the abductor and 
adductor muscles on the "paralyzed" side are simultaneously contracting" (Crumley, 
1989, p.  87-88). Crumley (1989, p.  88) also stated that "fine trembling movements of 
the right arytenoid and aryepiglottic fold" were seen under direct laryngoscopy with 
microscope in one case of laryngeal synkinesis confirmed with EMG examination. 
Unless electromyography is carried out, it seems difficult to differentiate laryngeal 
synkinesis from spasmodic dysphonias. Trembling movements like this were seen in 
patients with increased EGG jitter. 
The processes of (1) atrophy and (2) recovery of adductory and abductory 
nerve fibres occur in different ways. Crumley (1982) observed that the denervation 
atrophy of the PCA muscle occurs more rapidly than in the other muscles, possibly to 
benefit the primary protective sphincter. Crumley (1989)b0  also mentioned that each 
"'Citing H. Hirose, T. Ushijima, and M. Sawashima (1969), An experimental study of the 
contraction properties of the laryngeal muscles in the cat. Annals of Otologv. Rhinology and 
Ltirvngologv 78, pp.  297-306. 
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(slow-twitch) abductory fibre supplies from 200 to 250 muscle fibres, while each 
(fast-twitch) adductory nerve fibre supplies only 2 to 20 muscle fibres, providing 
better muscular control. Therefore, as pointed out by Crumley (1989), abductor fibres 
may reinnervate many more muscle fibres than the adductory nerve fibres, leading to 
an undesired competition during phonation (i.e., adductive vs. abductive forces). 
A selective denervation of the PCA may be relevant in both the speaking and 
singing voices. The PCA is the only laryngeal abductor, being especially active during 
inspiration. Electromyographic studies of the PCA in healthy speakers (Hirose & Gay, 
1972) indicated that the PCA has a high activity in the beginning of phonation, this 
activity being slowly suppressed during the onset of voiced sounds. A denervated 
PCA activity may, speculatively, result in hard glottal attacks. As far as the singing 
voice is concerned, Hirano (1981a, p.  161) stated that the PCA "is usually inactive 
during phonation, with the exception of high tones in the modal register [ ... ]. This 
activity of PCA may be required in order to brace the arytenoid cartilage against the 
strong anterior pull of the CT." 
Unilateral paralysis of the just mentioned cricothyroid (CT) muscle can also 
affect the posterior glottis, leading to even more subtle asymmetries. This is a less 
obvious mechanism, not exempt from controversies, that will be discussed next. 
6.4.4 Unilateral paralysis of the superior laryngeal nerve 
As seen before in section 2.2.4 (p. 24 if.), the superior laryngeal nerve is mostly 
responsible for sensory functions (innervating the laryngeal mucosa, the epiglottis, 
and the base of the tongue), but has also motor control over the cricothyroid muscle, 
the only intrinsic muscle not activated by the recurrent nerve. Remember also that the 
CT, responsible for vocal fold elongation in F 0 control, is composed by two branches: 
the pars recta and the pars obliqua (see Figure 2.6, p.  20). 
The superior nerve can be damaged in thyroidectomies and in surgeries of the 
carotid artery. Ironically, the nerve can be also affected by goitres, as reported by 
Newman and Becker (1981). The case reported by these authors had a 5-day 
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recovery after thyroidectomy, suggesting that the superior nerve was possibly being 
pressed by the goitre (i.e., a first-degree injury, as defined in Figure 6. 15b). 
The glottic aspect after unilateral paralysis of the superior nerve is still an 
object of discussion, but recent studies seem to confirm the explanation given by 
Arnold (1961). Accordingly, the action of the non-paralysed pars obliqua of the CT 
muscle would be able to rotate the cricoid cartilage in the transversal plane. There is 
some controversy on whether the cricoid cartilage, the thyroid cartilage, or both, 
would move. More recent reports seem to support the idea that the cricoid is the 
moving part (Dursun et al., 1996). This rotation is illustrated in Figure 6.17, where it 
is assumed that the patient's right CT muscle is paralysed. The arrows in the mid 
panel indicate the action of the non-paralysed CT muscle. As far as the posterior 
glottis is concerned, the arytenoids rotate towards the paralysed side. This is also 
suggested by an oblique line in the inter-arytenoid space (Figure 6. 17, right hand side 
panel). 
It has been shown that the rotation of the posterior glottis may not be 
observed unless the non-paralysed side contracts strongly (Tanaka, Hirano & Umeno, 
Figure 6.17. Unilateral paralysis of the superior nerve (I). Effects of the CT's 
pars obliqua on the posterior glottis. The drawings indicate (left) a normal larynx 
and (mid) a paralysis of the patient's right side. The arrows show the possible 
rotation of the cricoid cartilage b' the non-paralysed CT muscle. In practice, this 
situation can be detected by observing a rotation of the posterior glottis towards 
the paralysed side. The endoscopic frame (right) shows such rotation. Note the 
oblique line in the contact of the aryrenoids (arrow). Drawings adapted from 
Abelson and Tucker (1981, p.  466). The image is from a 47-year-old female 
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Figure 6.18. Posterior rotation with rising F0. Possible unilateral paralysis of 
the right SLN. Rows are frames from videostroboscopy in different fundamental 
frequencies. Note (a) the rotation of the posterior larynx towards the patient's 
right side with rising F0 and (b) the increased displacement of the left fold, 
especially in the low-pitched voice. Images from a 36-year old house wife having 
a 15-month history of voice loss, weak voice, and deepening in pitch, which 
worsens during respiratory infections. 
1994). Regarding the clinical practice, these authors observed that (p.  93) 
"[t]he test consisting of low-pitched phonation followed by high-pitched 
phonation is a relatively simple and accurate diagnostic procedure for 
unilateral SLN [superior laryngeal nerve] paralysis." 
Increased rotation with increased CT activity is shown in Figure 6.18, where 
an example of a possible unilateral SLN paralysis of the right side is given. Each row 
in the figure has consecutive frames from stroboscopic sequences in low-, mid-, and 
high-pitched phonation. Note, firstly, the rotation of the arytenoids towards the right 
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Figure 6.19. Unilateral paralysis of the superior nerve (II). Effects of the pars 
recta of the non-affected side on the vertical level of the Jids. Frontal view. The 
fold in the paralysed side (i.e., the patient's right side) would be in a lower 
vertical level. CT stands for cricothyroid, and CAJ for cricoarytenoid joint. 
After Arnold (1961, p.  696). 
side following the rise in F0. Secondly, observe the asymmetrical vocal fold vibration 
and the increased amplitude of vibration of the left fold, especially in low-pitched 
voice. It would be expected to see, though, a larger amplitude of vibration in a less 
tense (paralysed) right fold. The same paradoxical finding was reported by Dursun 
and colleagues (1996), based on a series of 118 patients. These authors stated that (p. 
207) 
"[i]n addition to asymmetry of amplitude and phase, the paretic or 
paralytic vocal fold showed decreased amplitudes and mucosal waves, 
which varied according to the degree of the paralysis. This was 
unexpected since, theoretically, SLN paresis or paralysis should lead to 
increased, rather than decreased, amplitude." 
Asymmetrical longitudinal tension was investigated with a modified version of 
the two-mass model and with excised larynxes by Isshiki and colleagues (1977). They 
addressed the problem of unilateral superior nerve (SLN) paralysis, but only their 
"type I" vibratory pattern seems to conform with this type of paralysis. 12  Their fmding 
11 The term paralysis describes the total disruption of a nerve activity whereas paresis is a partial 
paralysis. "Paralysis" has been used indiscriminately in the dissertation. 
2  Type I (slight longitudinal tension asymmetry): the folds vibrate at the same frequency but the 
tense fold always precedes the lax fold. Type 11 (slight longitudinal tension asymmetry and a glottal 
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Figure 6.20. Unilateral SLN paralysis and vertical level of the folds. Glottal 
opening sequence. The left frame shows a minor rotation of the vocal processes 
towards the patient's right side and a difference in vertical level of the folds. 
The delay of the right arytenoid can be seen during the manoeuvre. Images from 
a 71-year old male speaker seen after carotid artery surgery (note also the 
atrophic senile larynx, with an unusual clear view of the ventricles of 
Morgagni). 
that the less tense fold had a larger amplitude of vibration is also conflicting with the 
observations (in non-excised larynxes) by Dursun and colleagues (1996) cited above. 
Unilateral paralysis of the SLN can also affect the vertical level of the vocal 
folds. As was hypothesised by Arnold (1961) and is illustrated schematically in Figure 
6.19, the pars recta of the non-paralysed CT muscle (see also Figure 2.6, p.  20) 
would pull the cricoid cartilage up, causing its rotation in a frontal plane. This 
mechanism is further exemplified in Figure 6.20. These images were taken from a 
patient seen after carotid artery surgery. Note (1) the rotation of the posterior glottis 
towards the patient's right side, (2) the obliquity in the vocal processes of the 
arytenoids and, after a careful examination, (3) the lower vertical level of the patient's 
right vocal process during glottal closure. It is worth repeating a comment by Baken 
and Isshiki (1977, p.  214), already quoted in chapter 2. Accordingly, there is a 
"surprising amount of depression of the vocal processes observed during adduction. 
[.] Because this movement is along the axis of observation during routine 
laryngologic examination it is not easily perceived [ ... ]." 
Remembering that the SLN is a chief sensory nerve, this function is likely to 
gap): "complicated patterns of vibration, requiring higher than normal subglottal pressure to activate 
the vibration" (p. 62), leading to the perception of "roughness" or "diplophonia." Type III: "rather 
periodic vibration without glottal closure" (pp. 62-63), leading to a breathy voice. 
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be affected by nerve damage. Considering that the patient's description of sensation 
changes can be difficult to interpret, the pooling of saliva in the piriform sinus can be 
useful diagnostic information (Bevan, Griffiths & Morgan, 1989); note that, with 
intact sensory functions, this saliva would be expelled by coughing. An inspection of 
Figure 6.18, where the sinus can be seen, shows bright areas in the patient's right side 
that may be the reflection of the stroboscopic light caused by saliva. 
In summary, the clinical suspicion of SLN unilateral paralysis should arise 
when there is (Dursun et al., 1996, p.  207) 
"asymmetry of speed during abduction-adduction maneuvers, laryngeal 
tilt, differences in vertical height of the vocal processes during frequency 
variation, and voice fatigue or loss of projection without other obvious 
cause." 
Additionally, phonatory glidings may stimulate or accentuate the rotation of the 
posterior glottis and saliva may be seen in the piriform sinus of the affected side. 
Because this type of paralysis is inherent to F 0 control, special attention should be 
given to singer's complaints. 
Returning to the issue of arytenoid instability, it has been mentioned that, in 
SLN unilateral paralysis, "[t]here is an asymmetrical lateral shift of the epiglottis and 
anterior larynx toward the intact contracting cricothyroid muscle" (Ward, 1977, p. 
85). A similar asymmetry in the position of the epiglottis was reported by Abelson 
and Tucker (1981, p.  468). The asymmetrical shift of the epiglottis can, therefore, 
interfere with the position of the arytenoids (see Figure 6.4, p.  253), leading to an 
increase in EGG jitter. Unilateral paralysis of the SLN has been described as "an 
overlooked entity" (Ward, 1977). The videoendoscopic evidences are elusive and 
depend on carefully placed endoscopes and proper phonatory tasks (e.g., arpeggios or 
phonatory glidings). In the clinical practice, the simultaneous analysis of acoustic and 
EGG signals, as described in this chapter, can provide warning signs to stimulate a 
more careful endoscopic examination and, if possible, an EMG assessment. 
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Figure 6.21. Other causes of posterior asymmetries (I). Maximal/) , abduction 
from a 56-year-old female patient, trained singer and voice teacher, 
complaining of an "erratic voice" and reporting slight rise in pitch and 
laryngeal strain. The arrow points to a possible sulcus vocalis. Note the 
prolapse of the patient's left arytenoid that may be related to fatigue of the PC'A. 
The patient was originally diagnosed as a no-abnormality-detected case. 
6.4.5 Other causes of arytenoid instability 
Paralysis of the recurrent nerve can cause not only synkinesis but also fixation of the 
cricoarytenoid joint (CAJ) after a prolonged immobilisation, as mentioned by Gordon 
(1994). CAJ arthritis can be also caused by prolonged intubation, as pointed out by 
Sasaki and colleagues (1980). 
Rheumatoid arthritis (which, most commonly, affects the joints of the hands) 
can also manifest in the larynx (see Brooker, 1988, for a review), leading to CAJ 
fixation. The little recognised "rheumatoid nodules" are also mentioned by him. 
According to Brooker (1988, p.  241), "[r]heumatoid nodules are macroscopically 
indistinguishable from single nodules but microscopically have a central zonc of 
fibrinoid necrosis surrounded by histiocytes, nonocytes and fibroblasts." This 
description seems to be more appropriate for a cyst. He also pointed out (p.  241) that 
laryngeal "rheumatoid nodules" may be common and "may precede nodules in other 
parts of the body." 
Asymmetries can also relate to compensatory mechanisms in functional 
dysphonias, as mentioned previously. When posterior asymmetry is found, the 
absence of vocal abuse or psychogenic factors should motivate a search for lesions in 
the folds. The coexistence of unilateral paralysis of the SLN and lesions in the fold 
has been also reported by Dursun and colleagues (1996). As a first example of such 
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Figure 6.22. Other causes of posterior asymmetries (II). Adductive gesture in a 
42-year-old folk singer who had lost his voice three months before these images 
were taken. As well as a possible cyst in his left fold, there may be a problem 
affecting the left arytenoid: the cartilage is slower during the adductive 
manoeuvre, being also prolapsed in both the abducted and adducted position. 
This suggests, for example, fixation of the left cricoarytenoid joint or even a 
tense aryepiglottic fold pulling the arytenoid; the later can relate to unilateral 
SLN paralysis in the left side. 
mixed situations, Figure 6.21 shows the left arytenoid falling inward during 
inspiratory opening, suggesting, for example, fatigue of the PCA muscle. A closer 
look in the ipsilateral vocal fold indicated a possible sulcus (arrow), which may not be 
easily seen in the printed picture. 
The second example (Figure 6.22) shows a vocal fold closure manoeuvre. 
Note the prolapse of the patient's left arytenoid. Videostroboscopic sequences 
indicated limited vibration in the left fold, possibly due to an inclusion cyst. Note the 
faster movement of the right arytenoid (suggested also by the misty ipsilateral 
Figure 6.23. Other causes of posterior asymmetries (III). Possible hyper-
functional dysphonia in a 42-year-old male patient with a 4-year history of voice 
losses that lasted 2-3 weeks. In the manoeuvre, the arvtenoids are crossed 
during adduction (left) but are symmetrical during abduction (right). 
Hvperfunction is also suggested by the prominent ventricular folds. 
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aryepiglottic fold in the mid panel of the figure). 
In the third example (Figure 6.23), the arytenoids are crossed during glottal 
closure, but both arytenoids prolapsed symmetrically during the glottal opening 
sequence. No structural abnormality was identified in the folds, but limited mucosal 
wave was seen during video strobo sco py. This case was diagnosed as hyperfunctional 
dysphonia with a psychogenic component (the patient was being treated with anti-
depressants). 
Finally, there may exist anatomical asymmetries in the cricoarytenoid joints, 
although reported studies show some conflict. According to Sellars and Keen (1978, 
p. 674), "[Maue and Dickson (197l)'] stated that the 'cricoarytenoid facets of the 
cricoid cartilage are very well defined, very consistent and bilaterally symmetrical in 
all cases.' This does not agree with our fmdings." More recent studies by Kahane and 
Hommons (1987) and Kahane (1988) support the fmds of Sellars and Keen (1978). In 
regard to the cricoarytenoid joint, Kahane (1988, p.  154) hypothesised that: 
"roughened surface areas, reduced working surfaces caused by 
ossification, thickening, or raised rims of articular facets may have some 
negative effects on vocal dynamics. These include reduced smoothness of 
the arytenoid cartilage movement or restriction of movement that could 
interfere with the extent and completeness of vocal fold approximation." 
Vocal abuse in childhood (e.g., when crying) may also lead to heterogeneous 
mechanical efforts that can deform the immature cartilages in different ways, as was 
pointed out by Costa, Duprat. and Moreno (1995). These authors dissected larynxes 
from 30 children (age: 1 hour to 8 years) and 50 adults (age: 21-50 years), finding 
symmetrical conditions more often in younger children. 
6.4.6 Phonatory implications 
The abnormalities described in this section can lead, at least, to two important 
changes in the phonatory muscular setting: 
13  They cite W. M. Maue and D. R. Dickson (1971), Cartilages and ligament of the adult human 
larynx. Archives of Otolaryngology 94. pp. 432 ff. 
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An asymmetry between the longitudinal tension of the left and right vocal 
folds, and 
A difference between the vertical levels of the folds. 
Compensatory adjustments in other biomechanical parameters can also be expected. 
As pointed out by Isshiki and colleagues (1997, p.  63), 
"[in computer simulations,] [s]light changes in parameters, such as the 
glottal rest area, subglottal pressure, tension factors, damping ratios, and 
stiffnesses of the vocal cord frequently caused the simulated vibratory 
pattern to shift from one type to another, just as in the experiments with 
the excised larynges." 
The effects of asymmetrical longitudinal tension on phonation have been studied (e.g., 
Isshiki et al., 1997; Wong et al., 1991), but there appears to be no report on the 
influence of vertically asymmetrical vocal folds. Reduction in the mucosal wave, 
phase asymmetry, and differences in the amplitude of vibrations are likely to occur. 
Little is known about the laryngeal transient behaviour during phonatory breaks. 
Although stroboscopic images have a very limited value for such analysis, sequences 
from two patients still provided useful details which may be useful in future studies. 
Case 1. The first example relates to a 73-year male patient being treated for 
spastic dysphonia, a 14-year problem that he related to a surgery for removal of 
nodules. The patient complained of a weak voice that "tired after conversing." 
Endoscopic images (Figure 6.24) suggested unilateral paralysis of the right superior 
nerve. There was no indication of surgical scar and both folds were lax; his advanced 
cTT 
Figure 6.24. Phonatory breaks (case 1). Left panel: the patients rig/it 
arytenoid seems to fall during glottal opening. Right panel: there is a rotation of 
the posterior glottis towards the right side during phonation. A hint of a bimodal 
wave (confirmed in the stroboscopic sequence) is seen in the patient's left fold. 
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Figure 6.25. Stable asymmetrical vibratory patterns. Phonation that sounded 
"normal" could be sustained with out-of-phase vibration (left) or with the so 
called bimodal pattern (right), even though these patterns are aerodynamically 
non-efficient. 
age was possibly contributing to a certain degree of vocal fold bowing. 
Stroboscopic sequences showed asymmetrical vibrations and a prominent 
second mode of vibration in the longitudinal direction, as represented schematically in 
Figure 6.25. The patient's voice could be sustained without abnormalities in either of 
the conditions seen in this picture (or, most likely, in a combination of them); these 
conditions may be regarded as "attached" folds. However, irregular vibrations 
occurred immediately after certain "detachments" of the folds. 14  These irregularities 
may have been chaotic and the voice was perceived as harsh. Two vocal fold 
configurations seen just before the irregularities started could be determined from the 
stroboscopic images, being represented schematically in Figure 6.26. Note, in the left 
panel of the figure, that the left and right folds had different longitudinal modes. The 
differences in tension and vertical level, not indicated in the figure, are certainly 
relevant aspects in future studies on the dynamics of such collisions. 
Case 2. This final example addresses nuances in the cricoarytenoid joint and 
comes from a male operatic singer who had a peculiar problem in his singing voice. 
The abnormality can be described as a severe harshness which occurred only in a 
specific note. His endoscopic images suggested a problem in the right cricoarytenoid 
" This "detachment' situation seems to relate to the "desynchronisation" of low-order vibratory 
modes conjectured by Berry and colleagues (1994, p. 3601). 
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Figure 6.26. Unstable asymmetrical vibratory patterns. Schematic repre-
sentations of vocal fold patterns seen just before irregular vibrations started. The 
surrounded parts indicate the collisions that possibly initiated the irregularities. 
Note that the triggering collisions occurred in the anterior and posterior glottis. 
Differences in tension and vertical level of the folds seem to be relevant factors in 
the dynamics of the following vibrations. 
joint (CM). As shown in Figure 6.27, there was a minor rotation of the posterior 
glottis toward the patient's right side. The existence of asymmetrical vibrations can 
also be seen, for example, in panel 6. The cause of the problem seemed to relate to an 
inadequate "lock" of the arytenoids during the onset of the problematic note. This is 
described below. 
During the laryngeal settings preceding the unfortunate note, the right 
arytenoid had a slight abductory motion due, possibly, to a momentary lack of co-
ordination in the action of the cricothyroid and thyroarytenoid muscles (which would 
stretch the folds, tending to pull the arytenoids forward), and of the posterior 
cricoarytenoid muscle (which is antagonist to the CT and TA, pulling the arytenoids 
backward). The displacement of the patient's right arytenoid can be seen in a careful 
inspection of Figure 6.27. The separation in a transversal plane is indicated by 
horizontal lines in frame 1 (where there is no separation) and in frame 3 (where the 
separation was maximum). The short vertical white lines in frames 1 and 3 give 
further indications of the movement which, probably, had also a vertical component. 15 
15 The strips at the top of each figure are labels (i.e., the fundamental frequency or the triggering 
angle) inserted by the videostroboscopic apparatus. They are a convenient reference in these pictures, 
emphasising that the laryngeal framework appears static in reference to the camera. 
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Figure 6.27. Instability in the cricoarytenoid joint (case 2). Images taken 
during the "attack" of a problematic note by a singer. A slight separation of the 
vocal processes (suggested by the drawn lines) occurred from frames 1 to 3, 
reducing thereafter. The arrow in frame 3 points to the resultant direction of 
movement, as projected onto the transversal plane. Images from a 
videostroboscopic sequence, emphasising that intermediate frames are not 
shown. 
The arrow in frame 3 points to the direction of the resultant arytenoid displacement, 
as projected onto the transversal plane. 
In summary, the analysis of the images from this singer suggested that during 
the onset of the note, the momentary detachment of the arytenoids (1) caused a 
glottal gap, similarly to an abductor spasmodic dysphonia, and simultaneously 
(2) induced an unstable vibratory pattern, as illustrated in Figure 6.26 (left panel). 
Future work and more appropriate instrumental set-up, including electromyography 
and high speed cameras, are necessary for a better understanding of problems of this 
kind, which seem to have relevant clinical implications, as discussed below. 
6.4.7 Minor laryngeal asymmetries: a major vocal problem? 
Minor asymmetries may be a common finding in the general population and 
can be the cause of some difficult-to-explain dysphonias often seen in the clinical 
Li 
practice. Laryngeal asymmetries seem to be the cause of voice complaints in 
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professional voice users, being a particular threat to the career of singers. The correct 
identification of such asymmetries has immediate practical consequences. 
Firstly, the patient can be provided with a more specific description of the 
vocal problem. This can reduce the operational costs of public health systems, 
because a reassured patient will certainly not seek further advice. It should be noted 
that the fear of a laryngeal malignancy seems to be a common unreported feeling 
among patients attending voice clinics. 
Secondly, if the patient is referred to speech therapy, a better explanation of 
the laryngeal behaviour will be valuable to the therapists, enabling them to choose or 
develop appropriate therapeutic procedures. 
Thirdly, the prompt and accurate diagnosis of the dysphonia will avoid 
unnecessary or inadequate medical treatments. The peculiarities seen, for example, in 
connection with Figure 6.27 may be regarded as an spasmodic or spastic dysphonia 
(for a review on this dysphonia see, e.g., Schaeffer, 1983). In such disorders, 
botulinum toxin is sometimes injected into the thyroarytenoid muscle to produce a 
selective paralysis (Stemple, 1993, p.  143). However, if the vocal problem is being 
caused, for example, by a minor cricoarytenoid joint fixation or by a unilateral 
paralysis of the superior laryngeal nerve, it is unlikely that botulinum injection will be 
effective. 
Last, but not least, the existence of asymmetries in the posterior glottis should 
motivate a careful examination of the vocal folds' structure because such asymmetries 
may relate to muscular compensations secondary to small lesions (e.g., a sulcus 
vocalis). 
6.5 CONCLUSION 
This chapter dealt with the reliability of acoustic jitter estimation from pathological 
voices. In the reported experiments, this reliability was assessed by comparing 
acoustic and EGG measures. Among hi, Ia!, and lul vowels from 15 patients, 
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consistent measures could be obtained only from /aJ. Additionally, when EGG jitter 
levels were above = 0.6% (and below = 3%), consistent values resulted only from 
acoustic measures extracted by the "max. ratio" method developed during this 
research. The max. ratio method appears to be the most accurate and robust acoustic 
jitter extraction method currently available. The study on the reliability of acoustic 
jitter estimation suggested that jitter measures obtained from connected speech may 
be inappropriate. 
The comparison of acoustic and EGG jitter was extended to /aJ vowels from 
110 adult patients from both sexes suffering from a wide range of voice disorders. 
The comparison revealed three situations where EGG and acoustic jitter values were 
discrepant, that is, the corresponding normalised difference was outside the 
approximate ±22.5 interval: 
Differences above +22.5%, approximately, occurred mostly in situations 
associated with small lesions (e.g., cysts, hard nodules) in which (a) there 
was a regular vibratory pattern, leading to low EGG jitter, but (b) the 
glottal chinks induced levels of acoustic noise that affected the sharpness 
of the zero crossings, increasing acoustic jitter measures. This is a 
limitation of the acoustic jitter extraction method. A possible 
improvement would be, for example, a test for the sharpness of the zero 
crossing. 
2. Normalised differences less than -22.5%, approximately, tended to occur 
in hyperfunctional dysphonias. In such cases, instabilities in the posterior 
glottis can inflate EGG jitter without an acoustic counterpart because 
(a) the arytenoids and/or the corniculate cartilages are pulled by an 
increased tension in the aryepiglottic folds, (b) movements in other parts 
of the vocal tract (e.g., tongue, epiglottis) are more likely to cause 
variations in the contact area of arytenoidlcorniculate cartilages, and (c) 
the jittery contact of these cartilages can increase EGG jitter but not 
acoustic jitter. 
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3. Normalised differences less than -22.5%, approximately, were also caused 
by asymmetries in the posterior glottis that can be associated to a number 
of factors. These include laryngeal synkinesis, unilateral paralysis of the 
superior laryngeal nerve, or abnormalities (e.g., fixation) in the 
cricoarytenoid joint. 
It was found that minor asymmetries affecting the posterior glottis were the 
common - and single - laryngeal abnormality of many patients diagnosed with "no-
abnormality-detected" or functional dysphonias. The effect of such abnormalities on 
the vocal fold dynamics was studied with videostroboscopic sequences. Despite the 
limitations of this technique, especially in irregular oscillations, peculiar collision 
patterns between the folds were identified that were triggering random vibrations. 
Future studies combining high speed images, electromyographic data, and 
computational modelling, may lead to a better description of the transient behaviour 
of the folds after such critical collisions. 
In summary, minor laryngeal asymmetries can explain vocal problems that 
have been passed undetected or not precisely diagnosed. As far as the clinical practice 
is concerned, patients, speech therapists, and surgeons can benefit from the 
understanding of the phonatory implications of such asymmetries. Finally, the jitter 
analysis method described in this chapter proved to have diagnostic value in the 




This research has investigated the use of automated measures of voice signals in 
support of the assessment of dysphonias. The context of this research, that is, a 
hospital voice clinic and voice disorders, was outlined in the introductory chapter. 
Chapter 2 provided the necessary background concerning the anatomy, physiology, 
and pathology of the phonatory larynx. Another major review, on clinical applications 
of acoustic analysis, was given in Chapter 4. The achievement of the main goals of the 
study, as stated in the introductory chapter (p. 8-9), will now be discussed. 
1. Construction of a database of voice disorders. The organisation of the 
database was a time-consuming but inspiring part of this research. It was an 
opportunity for reading, listening, and seeing a vast and rich collection of clinical 
data. As detailed in Appendices A1-A3, information was obtained from 245 patients 
over a period of 16 months, the data consisting of acoustic and electroglottographic 
signals, medical history, and videoendoscopic images. Respiratory tests were also 
available from approximately 50% of the patients. 
The questionnaire (Appendix Al) was a source of easily collected 
information. The forms were completed by the patients in approximately 10 minutes 
while waiting for the consultation, a procedure that did not interfere with the course 
of the voice clinic session. 
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Time constraints during the consultation were important factors that 
influenced the design of the vocal task protocol (Appendix A2). This protocol 
included as many types of signals as possible, in the hope that at least a few of them 
would be adequate for the purposes of the research. Although the course of the 
investigations indicated that the perturbation measures being studied could be reliably 
obtained only from sustained vowels, a decision was taken to continue recording all 
stimuli for future applications. It should be noted that in the early stages of data 
collection important and difficult-to-answer questions had to be addressed: which 
stimuli should be analysed? sustained vowels? connected speech? which text? These 
questions were, at least partially, answered by this investigation. 
The database manager (Appendix A3) provided rapid access to the data which 
was (1) embedded in the manager's tables, in the case of text or measurements, or 
(2) stored in CD-ROMs, in the case of recordings. Being a relational database, new 
datasets ("queries") could be easily designed to combine data from different tables. 
A main limitation of the recordings was the lack of electromyographic (EMG) 
signals and high speed images. However, even if an EMG apparatus had been 
available, electromyography would have been carried out only in a few cases. 
Regarding high speed images, the trend at the later stages of this research suggests 
that high-speed digital image recording is likely to become a standard facility in voice 
clinics (Kiritani et al., 1996; Wittenberg et al., 1997). 
Another limitation of the database was the lack of non-dysphonic or "normal" 
speakers. As justified in the thesis, it was not feasible to allocate hospital resources 
for an evaluation (including videoendoscopy) of such speakers. However, it should be 
noted that the experimental procedures used in this investigation can be realistically 
incorporated into the routine procedures of a hospital voice clinic session. 
2. Development and/or improvement of algorithms for the automatic 
extraction of perturbation measures from acoustic and EGG signals. Time-domain 
perturbation measures were chosen in the expectation that they would yield a better 
insight into the laryngeal behaviour than measures in other domains. Effort was 
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concentrated on improvement of the reliability of F 0 measures, in both the EGG and 
acoustic signals. 
In regard to automatic measurement in EGG signals, it is important to ensure 
that the signal quality is adequate. As was described in Chapter 3, measures from an 
EGG recording were considered adequate if (1) the signal was "approved" in a simple 
visual inspection, (2) the corresponding signal-to-noise ratio value was above 
+17.5 dB, and (3) unvoiced intervals totalled no more than 25% of the utterance 
duration. 
Chapter 3 described the implementation and evaluation of an EGG signal pre-
conditioning method. Experiments showed that in order to minimise the effects of 
baseline fluctuation on F0 estimates and voicing detection, signals taken with the 
portable Electro-Laryngograph should have the frequency range between 0 and 50 Hz 
attenuated by at least 30 dB, without phase distortion. A relatively simple zero-
crossing based F0 detection algorithm could then be implemented. Results indicated 
that the F0 estimation method developed here was the most accurate algorithm 
available at the time of this research. This EGG F 0 detection algorithm was adapted to 
extract a number of waveform features. The corresponding statistical distributions, 
obtained from IaI vowels of 137 dysphomc speakers who had "adequate" EGG 
signals, may partially overcome the lack of normative data from disordered voices. 
Acoustic measures were dealt with in Chapters 5 and 6, the discussions being 
dominated by the issue of reliability on F 0 and jitter estimation. For these measures, 
the agreement between acoustic and EGG estimates was taken as an indication that 
the underlying physiological parameter was correctly estimated, assuming also that 
(1) a certain agreement between F 0 and jitter values from acoustic and EGG signals 
can be expected, and (2) EGG measures are less prone to gross errors. 
Implementations of two algorithms, an "event-based" method (Schafer-Vincent, 
1983) and a "wavematching" approach (Medan, Yair & Chazan, 1991), were 
evaluated in Chapter 5. As far as the reliability in F 0 estimation is concerned, results in 
connected speech were equivalent. In terms of speed of processing, the event-based 
method was approximately eight times faster than the wavematching method. 
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The reliability of jitter estimation was assessed with sustained vowels. It 
became clear that consistent measures of EGG and acoustic jitter could be obtained 
only from Ia! vowels. Moreover, the wavematching method did not perform 
adequately when jitter levels were above = 0.6%, restricting the use of this technique 
in dysphonic voice analysis. On the other hand, the experiments indicated that, in Ia/ 
vowels, acoustic and EGG jitter based on zero crossings can provide consistent 
values even at high (say, 3%) jitter levels. 
Due to the relative lack of normative data in the literature, histograms of 
acoustic measures in a large dysphonic population (228 speakers, Ia/ vowels) were 
generated for jitter, shimmer, signal-to-noise ratio, and the proposed F 0 merit factor 
(Q). 
A new signal-to-noise ratio (SNR) estimation algorithm which is based on 
simple comb filters was proposed in this research. In the calibration of this algorithm 
(using synthetic vowels) a new method of jitter generation was also developed. The 
calibration of the SNR estimation algorithm indicated that (1) the method was robust 
against jitter effects; (2) it had an overestimation bias of +3 dB which was, however, 
approximately constant over the ranges of jitter and SNR values found in the human 
voice; and (3) the method was not free from shimmer effects. Attempts to overcome 
this latter limitation, which would affect other time-domain methods also, were 
unsuccessful. 
The experiments described in Chapter 5 strongly recommend that acoustic 
jitter measures from dysphonic voices should be taken from Ia! vowels (or, possibly, 
another mid vowel) and should be based on zero crossings. Additionally, the proper 
zero crossing pattern (i.e., up-going or down-going) should be determined for each 
stimuli. A new method ("max. ratio" method) was proposed for automatically 
determining this zero crossing pattern. When this thesis was composed, this acoustic 
jitter-estimation method was the most reliable algorithm available in the literature. 
3. Investigation of relationships between acoustic perturbation measures and 
subjective assessments of vocal quality. Perceptual ratings of sustained vowels 
provided by three listeners trained in the Vocal Profile Analysis Scheme were 
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analysed. Emphasising that the training in this scheme is based on connected speech, 
results suggested that among five dimensions of clinical interest (tension, harshness, 
whisperiness, creak, and tremor), "harshness" was the most reliably scored feature. 
This feature was also strongly correlated with SNR measures. Ratings of 
"whisperiness" may have been affected by my choice of stimuli, while a poor inter-
rater agreement in "tension" and "creak" was somehow unexpected. As far as the 
perceptual side of the experiment is concerned, vowel-specific training seemed 
necessary. The unreliability in most ratings discouraged the investigation of other 
measures that could predict perceptual vocal features. 
4. Investigation of possible relationships between acoustic or EGG measures 
and medical findings. Chapter 3 provided an extensive discussion on the relationships 
between EGG features and vocal fold dynamics. Many EGG waveform abnormalities 
that may not be detected by the implemented automated measurement techniques 
were discussed. For example, "bumps" at the beginning of the closing phase appear to 
be particularly useful to indicate possible subglottal lesions, emphasising that these 
lesions may not be easily detected in videoendoscopic images. Attempts to correlate 
EGG perturbation measures with ratings of videostroboscopic features led to 
frustrating results, suggesting that simultaneously recorded EGG and 
videostroboscopic images may be necessary in a more conclusive study. 
In Chapter 6, acoustic and EGG jitter measures from a large group of patients 
were compared. In this experiment, it was verified that asymmetries in the posterior 
larynx can lead to a significant increase in EGG jitter without an acoustic counterpart. 
A careful study of videoendoscopic images indicated that EGG jitter can be increased 
by instabilities in the contact area between the arytenoid cartilages. Most importantly, 
abnormalities in the posterior glottis can be the visible feature of many difficult-to-
detect laryngeal abnormalities, including unilateral fixation of the cricoarytenoid joint, 
synkinesis, and unilateral paralysis of the superior laryngeal nerve. However, it is 
recognised that hyperfunctional dysphonias can also lead to unilateral increase in 
EGG jitter. 
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7.2 SUMMARY OF THE MAIN CONTRIBUTIONS 
Concisely, the main original contributions of this research were: 
A representative multimedia database of vocal fold pathologies and the 
related clinical protocols for data acquisition (Appendix Al -A3); 
A highly accurate and robust EGG F0 tracker for dysphonic voices 
(sections 3.3 and 3.4); 
A method to estimate signal-to-noise ratio in voice signals (section 5.4.2), 
A method to generate jitter in synthetic vowels (section 5.4.4.1), 
A highly accurate and robust acoustic jitter estimation method for 
dysphonic voices (section 6.2.4), 
A method to detect abnormalities in the posterior larynx using acoustic 
and EGG jitter analysis (section 6.3). 
As far as clinical practice is concerned, the diagnostic value of asymmetries in 
the posterior larynx was the most important contribution of this study. These 
asymmetries affect approximately 1 out of 10 patients referred to the voice clinic. 
Most likely, these patients would be discharged without an adequate explanation for 
the dysphonia or would be referred to speech therapy with a vague description of the 
problem. 
7.3 SUGGESTIONS FOR FUTURE RESEARCH WORK 
The alternation of a low- and high-pitched phonation ("siren") appeared to be a very 
useful clinical task. Although the task was not studied objectively, clinical experience 
suggests that it was a simple method for detecting lesions at the edges of the vocal 
folds and, possibly, problems affecting the superior laryngeal nerve. In the first case, 
phonatory breaks or excessive perturbation in the high-pitched portion of the task 
may occur. In the latter, the patient would produce a reduced F 0 range (i.e., less than 
the one-octave target). Future studies are need to validate these observations. 













Figure 7.1. Analysis-by-synthesis of EGG waveforms. The dashed waveform 
was synthesised using a cubic spline interpolation (Press et al., 1994, pp.  113-
116) based on 10 points automatically detected in the original (solid) 
waveform. A comparison based, for example, on the subtraction of the original 
and estimated signals over the closed phase may be useful to detect "notches" 
(arrow). A notch like this, consistently present in all cycles, may not affect 
shimmer, SNR, or jitter measures. 
Regarding paralyses of the superior nerve, a better characterisation of the 
laryngeal behaviour will require high-speed images and electromyographic recordings. 
It seems feasible to obtain simultaneous EMG recordings from at least the 
cricothyroid muscles in both sides. 
Remembering that it was possible to automatically segment the EGG 
waveform into various phases of the glottal cycle (i.e., closing, closed, opening, and 
open phases), it might be valuable to extract perturbation measures per phase. To 
overcome the problem of waveform variability across speakers or during phonation, a 
synthetic waveform based on anchor points extracted from the original signal (see 
Figure 3.21) may be used as a reference. This is illustrated in Figure 7.1. 
Data concerning the aetiology and symptomatology of dysphonias, as 
obtained with the questionnaire, were not systematically exploited in this research. 
They can be combined with acoustic and EGG measures in future studies 
investigating the use of artificial intelligence techniques in medical decision making. 
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It should be noted that jitter and shimmer measures, apart from a high-pass 
characteristic, have no spectral selectivity. Spectral analysis of F 0 contours and 
waveform amplitude envelopes may give more insight into the spectral content of 
vocal fold phonatory perturbations. A still more sophisticated approach to 
perturbation analysis, that accounts for perceptual mechanisms in the auditory system 
also (see Terhardt, 1974), has been initially investigated by Lindsey, White and Maran 
(1991). This approach, further studied by Lindsey and Carding (1993) and Lindsey 
and Vieira (1997), is based on the representation of the vocal fold vibration in terms 
of amplitude (AM) and frequency (FM) modulation components, and appears to be a 
promising method to investigate both the production and perception of voice 
disorders. 
Finally, studies on voice disorders should, whenever possible, adopt a 
multidisciplinary approach. The harmonious interaction between professionals of 
different areas, including ENT medicine, speech therapy, and engineering, was a vital 




This questionnaire was designed to collect information on the symptomatology and 
aetiology of dysphonias. The forms were completed by the patients in approximately 
10 minutes, occasional problems being related to reading difficulties by aged persons. 
The obtained information was complemented with diagnostic details obtained after 
the medical examination. 
The questionnaire was organised into four sections: (1) Biographical Details, 
(2) Voice Problem Onset and Progress, (3) Symptoms, and (4) Activities and 
Environment. The following references were particularly useful for the design of the 
questions: Moore (1961), Luchsinger and Arnold (1965), Greene (1972), and 
Robinson (1993). The items on perceptual voice quality (first box on p.  301) were 
adapted from the GRBAS scale (Hirano, 1981). The questions on "swallowing" and 
"speech intelligibility" (p.  300) were taken from the FIGS scale, as reported by 
Wrench and co-workers (1992). 
Emotional factors are important aetiological components in dysphonias but 
were not explored to avoid questions that could be considered offensive. 
Nevertheless, hints of psychogenic factors could be obtained from the answers to "My 
problem started AFTER" (p. 298), "I LIVE with" (p.  302), and "I ENJOY" (p.  303). 
From the answers scattered in the questionnaire, a "simplified questionnaire" 
(p. 310) could be generated that provided a useful summary of the relevant medical 
history of each patient. Details on each field of this form can be provided in context-
sensitive help, but were omitted in p.  310. 
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OTOLARYNGOLOGY UNIT - VOICE LABORATORY RESEARCH PROJECT 
Vocal Fold Pathologies 
The information collected in this questionnaire will be used for statistical and 
research purposes. No individual will be identified. You will be asked about 
various factors that may affect your voice. Most of the answers will be given by 
just ticking ( E') one or more appropriate items. In only a few questions you will 
be asked to specify something else in dotted lines ). We would like 
to thank you in advance for your cooperation. 




Initials: 	g,.................................... Sex: 	13 	Male 	3 	Female 
Dateof 	Birth: 	.......................... Age:, ................................. 
Height: 	 , Weight: 	a........................... 
Placeof Upbringing: 	................................................................. 
Present 	occupation: 	a.............................................................. Since:  a 
Previous occupation: 	a.............................................................. Since:  a 
VOICE PROBLEM ONSET and PROGRESS 
My current voice problem was FIRST NOTICED about 
day(s) ago a .................. 
. a.................. 	month(s) ago 
a.................. 	year(s) ago 
H 
My voice problem BEGAN 
13 gradually 	3 suddenly 	3 intermittently 
NOW, my problem IS GETTING 
13 worse 	13 the some 	13 better 
My problem started AFTER 
3 a new JOB 
U an ACCIDENT involving the neck or throat 
U TENSION or WORRY like bereavement, family problems. etc. 
U 	SURGERY: 	(please specify) 	....................................................... 
13 INTENSIVE USE OF THE VOICE (speaking, singing, shouting, screaming. etc.) 
U 	OTHER: 	(please specify) 	a....................................................... 
A SIMILAR PROBLEM also happened to 
3 colleagues 
U neighbours 
'3 myself, at the age of a........................... 
U relative(s) 	(please specify kinship)a.................................... 
U none of these 
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BEFORE the problem appeared, I had 
Ii HEARING problem 
severe ASTHMA atack 
0 
Q LUNG INFECTION (pneumonia, TB) 
C3 BRONCHIAL INFECTION (bronchitis) 
THROAT INFECTION (cold, flu, laryngitis. pharyngitis) 
ID NONE of these 
I am having (or had) the following CARE(S) or TREATMENT(S) 
L chemotherapy 	 1J vocal fold surgery 
C3 speech therapy 0 asthma inhaler 
1i singing training 
0 L3 neck radiotherapy 
L1 	medication: 	(please specify),............................................................. 
none of these 
I feel my voice IMPROVES 
IJ in the MORNING 
Ii in the AFTERNOON 
L in the EVENING 
L 	OTHER: 	(please 	specify),...................................................................... 
LNEVER 
I feel my voice WORSENS 
11 in the MORNING 
Ii in the AFTERNOON 
Jinthe EVENING 
0 J 	OTHER: 	(please 	specify)....................................................................... 
DNEVER 
My VOICE COMPLAINTS are: 
Ll I LOSE my voice sometimes 
J ROUGH voice 
J WEAK voice 
J 	OTHER: 	(please 	specify) 	...................................................................... 
TODAY the problem is 
Ii absent 	U slight 	U moderate 	U extreme 




I COUGH or CLEAR MY THROAT 
a rarely or never 
0 
a often, WITHOUT sputum 
a often, WITH sputum and/or blood 
I can SWALLOW 
a ANY food, NO difficulty 
a SOLID food, WITH difficulty 
a SEMISOLID food, WITH difficulty 
a LIQUIDS, only 
a NOTHING 
My THROAT appears to be 




a with a LUMP sensation 
a normal 
Compared to a normal voice, my PITCH now seems to be 
a much higher 
' a slightly higher 
0 
a normal 
C) slightly deeper 
a much deeper 
In a normal conversation my SPEECH 
a is clearly UNDERSTOOD, always 
a requires REPETITION, SOMETIMES 
a requires REPETITION MANY TIMES 
a is understood by RELATIVES ONLY 
a is unintelligible 
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Compared to a normal voice... 
the LOUDNESS of my speech TODAY is 
a normal a slightly 	a moderately 	a extremely 
weak weak 	 weak 
HOARSENESS in my speech TODAY is 
a absent 	a slight 	a moderate a extreme 
BREATHINESS in my speech TODAY is 
U absent 	a slight 	a moderate a extreme 
STRAIN in my throat and neck TODAY is 





4. ACTIVITIES and ENVIRONMENT 
Regarding TOBACCO, 
ai HAVE SMOKED for the last .......... 
Every DAY I have smoked about'... 
• I STOPPED SMOKING abou,............ 
Every DAY I used to smoke about 






Regarding ALCOHOLIC DRINKS, 
• I HAVE DRUNK for the last ...................month(s)/year(s) 
dL 	 Every WEEK I have drunk about 
half pint(s)/BEER 	, ........glasse(s)/WINE 	. ........glasse(s)/SPIRITS 
h 	
• I STOPPED DRINKING about,............. . ...... month(s)/year(s) ago 
L 
	 Every WEEK I used to drink about 
half pint(s)/BEER 	, ........glasse(s)/WINE 	, ........glasse(s)/SPIRITS 
Li I NEVER or RARELY drink 
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I USE MY VOICE 
a to teach 
a to sing loudly 
a to OFTEN speak on the TELEPHONE 
a to OFTEN scold the children 
a to speak LOUDLY to customers 
a to OFTEN SHOUT to colleagues, students, etc 
a to OFTEN speak to HEARING IMPAIRED people 
a to OFTEN IMITATE other voices, animal sounds, etc 
a in none of these 
My workplace/home has a CONSTANT NOISE of 
a traffic 
U loud music 
U machinery 
Q radio, television 
a people, children 
U typewriters, printers 
other: 	(please specify) 	0...................................................................... 
a nothing 
The AIR QUALITY in my workplace 
a has fumes 
a is refrigerated 
a is heated and dry 
0 
a is moist and mouldy 
a is outdoor and fresh 
a has dusts and/or powders 
a is not like these 
I LIVE with baby(ies) 
Li no one else kid(s) 
a other persons (please specify how many) teenager(s) 
adult(s) 
....... 
l\c ....... aged 
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U 	chemicals: (please specify), 	................................................................. 
3 none of these 
My normal DIET includes 




a dairy products 
a none of these 
I estimate my intake of BEVERAGES as 
FIZZY DRINKS: 	...... glasses per day 
COFFEE or TEA: ...... cups per day 
WATER or FRUIT JUICES: ...... glasses per day 
My SLEEP is affected by 
C] insomnia 	 a hearburn or indigestion 
a a dry heated air 
El allergy to bedding type 
3 	other: 	(please 	specify) 	& ...................................................................... 
El nothing 
I ENJOY 
CHEERING at sport matches 
going to a PUB with friends 
FREQUENTING clubs, discos, and parties 
ORGANIZING events related do school, church, job, etc 
u PRACTISING sports: (please specify) & .................................................. 
PLAYING a musical instrument: please specify) 
none of THESE 
A2. Vocal Tasks 
Some test utterances taken from the literature (see compilations, e.g., in Robinson, 
1993; and Titze, 1995, p.  25) have been evaluated during the course of this research. 
An initial version of the vocal task protocol (excluding the read passages) is shown in 
page 305, the complete final version being presented in page 306. 
Trials with the prototype suggested that the arpeggio and the pitch glide 
(tasks 7 and 8, respectively) could not be performed satisfactorily by many non-
musical speakers, who felt sometimes embarrassed claiming that they were not able to 
sing. These tasks were excluded from the final version (p.  306) because it was felt 
that excessive time would be required re-explaining the tasks. The intensity glide in 
step 9 of the prototype, intended to grossly assess the patient's respiratory support, 
was replaced by respiratory tests using a Rothenberg mask, as described elsewhere 
(Vieira et al., 1995). 
The first paragraph of the "Rainbow Passage" (Fairbanks, 1960) 
- a phonetically balanced passage commonly used in speech assessment - was 
evaluated in the initial trials. It was deleted from the final version, though, because it 
resulted in monotonous utterances and difficulties, particularly with the word "prism." 
The passages included in the final version appear to have reduced the chance of 
reading errors and provided utterances closer to the patient's natural speech. The 
words included in the first passage (task 3, p.  306) were biased towards voiced 
sounds and hard glottal attacks. The second passage (task 4, p.  306) was adapted 
from Jones (1973, p.  59). Both passages induce varied intonation contours. 
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Sustain a "ssss" sound, as long as you can: 	Issss .... 	 I 
Do the same, with a "zzzz": Fizz .... 	 I 
Sustain an "eeee," for about 10 seconds: 	I eeee 	 I 
Do the same, with an "": aaaa .... 	 I 
Do the same with an "0000": 10000 	 I 
Alternate a low pitched "aaa..." and I 	I aaa... aaa... 
a high pitched "aaa..... , something 
 
like a siren: 	 aaa... 	aaa... 	aaa... 
Sing a musical scale up/down a 
a 	a 
using the "" vowel: a a 4 a a 
Produce an up/down sound, a 	aaaa 	a 
starting with a low " 	 ,, 
raising the pitch, aj"~ 	 a 
and falling again  
Take a deep breath and sustain a "sh" sound, 
starting very softly, 
increasing the loudness gradually, 
and finishing very softly, again: sh sh sh  sh sh 
PROTOTYPE 
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For each of the following sounds, take a DEEP BREATH and sustain your 
voice AS LONG AS POSSIBLE: 
eeee.... 	 I aaaaa 	 0000 .... 	I 
I ssss.... I 	I zzzz.... I 
Alternate a low and high pitched 	aaa... 	 aaa... 
"aaa...", something like a siren:  
aaa... 	aaa...  
Read this short dialogue two times: 
- Shall we come in? 
Yes, open the door. 
- Where have you been? 
We were away a year ago. 
- And Arthur? 
Arthur went out every afternoon 
with Amy, Olive and Ian. 
Read the story two times: 
A traveller was just about to start on a journey, 
when he saw his dog standing at the door, 
and stretching himself. 
"Come along, you lazy dog", he said; 
"What are you waiting here for?" 
The dog wagged his tail, and said: 
"I was only waiting for you, master." 
A3. Database Manager 
The database manager was implemented in MS-Access 2.00 for Windows 
(Microsoft Corporation). The main form, "Vocal," is seen in the top of p.  309. This 
form shows biographical details and a summary of the patient's relevant medical 
history, based on the surgeon's comments. The Vocal form also provided links to 
other forms embedded in the manager: 
The original or "full" questionnaire (i.e., an MS-Access form equivalent 
to the questionnaire shown in pp.  297-303), 
A simplified questionnaire (p.  310), automatically obtained from data in 
the full questionnaire, 
The identification of the recordings in the original DAT and VHS tapes, 
Measurements from aerodynamic tests, 
Stroboscopic assessment form (p.  311), adapted from a protocol by 
Hirano and Bless (1993, p.  90), 
as well as recordings, stored in 4 CD-ROMs: 
Video clips from the videoendoscopic examination ,2 
Acoustic signals of speech and voice (i, a, etc.). 
External applications (e.g., spectrogram) could also be called from the Vocal form. 
Other tables (e.g., acoustic and EGG perturbation measures) and MS-Access 
"queries," not shown in this appendix, were also available. 
'Italics indicate the name of the buttons in the main form. 
2 The videoendoscopic examination was performed with a 700  rigid endoscope connected to a 
BrUel & Kjr Rhino-Larynx Stroboscope type 4914 and a Panasonic CCD WV-KS 152 colour digital 
micro-camera. The images were recorded with a Panasonic NV-SD40B 4-head VHS video recorder. 
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The video clips were ".avi" files (MSV1 video compression algorithm, 
160x120 pixels, 16 bits for colours, 12 frames/s, data rate = 160 kbits/s) created with 
a Movie Machine Pro video-capture card (FAST Electronic GmbH, Munich, 
Germany) and the Adobe Premiere TM  (Adobe Systems) video-editing software. The 
160-kbit-per-second data rate was slower than the capacity of single-speed CD-ROM 
drives (i.e., 200 kbits/s) to account for the decoding overhead. It should be noted that 
faster CD-ROM drives and more efficient video compression techniques (e.g., 
MPEG-TI) became available later in the research, but no attempt was made to 
improve the initially-adopted video encoding procedures. 
Acoustic and EGG signals, originally recorded with a Sony 55 ES DAT 
recorder (48,000 Hz, 16 bits per sample), were redigitised with a "Soundblaster 16" 
audio card (Creative Labs, USA) at 22,050 Hz, 16 bits per sample, being encoded 
into ".wav" files. Video clips and audio/EGG files were written into CD-ROMs with a 
Reflection Systems RF4000 Compact Disk Recorder. 
To implement an efficient linking strategy (as far as the size of the database 
manger was concerned), the 8-character file names in the CD-ROMs shared 
information with data embedded in the MS-Access file. This information was the 
patient's unique ID code (e.g., HA08134, in p.  309) and two characters specifying 
(1) whether the file was an acoustic or EGG recording, and the corresponding vocal 
task (e.g., "a", 'i', "u", for the vowels), in .wav files, or (2) encoded features of the 
endoscopic examination (e.g., the existence a videostroboscopic sequence), in .avi 
files; these features, also shown in the Vocal form, were convenient when consulting 
the database, particularly to avoid an unnecessary change of CD in situations where 
stroboscopic images were not available. 
The organisation of this database was made possible with the help of a group 
of collaborators. Prof. Arnold Maran permitted access to the videoendoscopic images 
(in video K7 tapes) and to the clinical notes, Dr. Cohn Watson carried out the 
aerodynamical measures (114 patients), and Ms. Elizabet Ferreira dos Santos 
designed the database structure and detailed most of the user interface. 
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ID ET:T1 Sex ifl Age ;I Voice User r  CD-ROM [TT CODrive 
Inhaler C 
Clinic Date [_1 ;T4 Diagnosis [dIe. 	 1 
flutes 
l 	 i 	Huisre.s which, initially, was related to flu, but it was shortly after 
ne had a depression. She smokes 20 cigarettes a day and does not overuse her voice. VIDEO: 
He larynx was difficult to be seen, but a good view was taken: she has very large soft nodules on: 
He LyE and a smaller one on the RVF. Referred to ST, to try to identity any incorrect use of the 
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I se: VOCAL 
Biographical Details  




Sudden Start C 




Speech Therapy C 
Respiratory Infection 1T 
Surgery/Tfauma ETh 
Acid Laryngitis ? T 
Inhaler C 
Complaints 
Voice Loss C 




Throat Dry rm 
()Tight/dy/Iump ET 
Psychological F actors 
Introversion fT 
E xtrovertion [T 
Voice Quality 
Pitch Change [Th 





Other Aggravating Factors 
Voice Abuse FT 
Background Noise IT 
Air Quality FT 
Chemical Irritants FT 
Tobacco fli5 
Alcohol T 
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Dabae VOCAL 
Name ':t Back 
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BI. EGG Bandpass Filter 
The system function of the filter (Figure 3.11 a)  is of the form: 
12 
b(k) . 
H(z) = k=O 12 
1+ 1 a(k)z' 
k=1 
Defining a(0) = 1, the coefficients a(k) and b(k) are tabulated below. 
a(k) b(k) 
0 1.00000000000000x1O ° 5.53 140129801226x 10-2 
1 -6.40817827438247x1O ° -1.52639 141585485x10 1 
2 1.84838367057037x1O 1 8.69542760839117x 10 -2 
3 -3.24241690353424x10 1 -1.18565733714782x 10-2 
4 3.95 190829433465x10 1.5635175739 1676x10' 
5 -3.57853379523795x10' -8.52921983358783x10 2 
6 2.45578483650945x 10+1 -9.76642663256442x 102 
7 -1 .27337604444027x10' -8.52921983358304x10 2 
8 4.99314458473810x10 ° 1.5635 1757391614x10 1 
9 -1.45449885965711x10 ° -1.18565733714320x10 2 
10 2.7952 18633 12938x 10' 8.69542760838968x10 2 
11 -3.25960508346177x10 2 
12 
 -1.52639141585482x10'
5.10615482451946x 10-3  5.53 140129801227x10 2 
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B2. Synthetic /a/ vowel 
Taking the formant frequencies F (Hz) and bandwidths bw (Hz) as F 1 = 650.3, bw 1 = 
94.1; F2 = 1075.7, bw2 = 91.4; F3 = 2463. 1, bw 3 = 107.4; F4 = 3558.3, bw4 = 198.7; 
and F5 = 4631.3, bw5 = 89.8 (Rabiner & Schafer, 1978, P.  74), the inverse of 
Equation 4.16 can be expanded (for the sampling frequency F s = 22050 Hz) into: 
H(z) = 	10 
C 
1+ a(k). z _ k 
where C = 1.984843178100906x10 3 and the coefficients a(k) are: 
a(k) 
1 -6.843201823252662x10 ° 







9 -5.982897846604145x10 ° 
10 8.466733647859316x10' 
This all-pole filter was used in connection with experiments described in Chapter 5. 
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